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Abstract 

The dual issues of modal decomposition for tonal sound fields and the 
temporal coherence of the modal amplitudes are investigated for the case of the 
central Arctic sound channel at very low frequencies (15-80 Hz). A detailed study of 
the Arctic modal structure for these frequencies reveals the central role played l>y 
the strong Arctic surface duct. The performance of each of four different modal 
beamforming algorithms when applied to the vertical array deployed during the 
FR/VNl r\" Arctic Acoustic Experiment is analyzed. A multiple beam (or decoupled 
beam) least squares processor produces the most acceptable results for .Arctic- 
conditions. The modal decomposition is sensitive to vertical array tilt cau,sed l)y 
hydrodynamic drag; a technique for its estimation from the acoustic data is 
developed. 

Tonal data taken from both the horizontal and vertical arrays deployed 
during PRAM lA' is analyzed. Horizontal array results confirm the modal 
amplitudes generated from vertical array data. The rougli surface scattering from 
the ice canopy places an upper limit of 40 Hz on efficient surface duct projjag;it ion. 
Attenuation measurements for the first mode show excellent agreeimuit with 
predictions made for ice scattering using the method of small perturl)ations and 
experimental ice statistics. The high levels of coherence observed (0.05 to 0.00) 
show that tonal signal propagation in the Arctic channel is es.sentially deterministic 
for time periods well in excess of one hour. 'Phe various modes may then be 
considered to maintain a constant phase relationship over time. 
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Chapter 1 
Introduction 

It is the spatial structure in a wave field that carries the great majority of 
what might be called the immediate m formation about the surrounding 
environment. Exploitation of this structure can provide answers to questions of 
object existence, location, identification, and arrangement. Making instrumentation 
sensitive to the spatial structure of a wave field is accomplished by providing the 
detection system with a directional response. While it is possible to build detectors 
having inherent directionality, it is often easier to synthesize the desired directional 
response through the employment of arrays of simpler detectors. The outputs of 
these detectors are then combined, usually in a linear fashion, through a process 
known as beamforming. 

The art and science of beamforming has a rich history of application. The 
human body employs the concept by incorporating pairs of both eyes and ears, d’lie 
fundamental physics of the technique is similar to that of such diverse areas of 
science as diffraction grating theory, lens optics, x-ray crystallography, and radio 
antennae design. The underlying principles of beamforming are applicable 
whenever one is dealing with either the directional transmission of energy or the 
directional reception of energy propagating in a wave field. 

This thesis deals with a fairly new and unique method of applying the 
principles of beamforming in the complex vertical structure exhibited by the low 
frequency acoustic field found in the world's oceans. Since the electromagnetic 
spectrum encounters unacceptable levels of attenuation in seawater, the* acoustic 
spectrum is the wave field of choice for all oceanic scituices. In particular, the very 
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lowest frequency acoustic waves (those below a few hundred Hertz) are capable of 
propagating efficiently over hundreds of kilometers in water, making them a prime 
candidate for use in long range ocean surveillance and communication applications. 
An understanding of the beamforming techniques appropriate for use with this wave 
field is a central engineering issue in all but the simplest efforts to use it both 
scientifically and practically. 

1.1 Motivation 

Traditional acoustic beamforming theories typically consider the detection (or 
generation) of plane waves in an unbounded fluid medium. The primary properties 
of the medium that impact sound transmission (its sound speed and density) are 
typically assumed to be constant throughout the medium. The constant medium 
assumption is made to avoid an overly complicated propagation problem, while the 
plane wave assumption is attractive for two reasons. First, it is physically realistic- 
in the case of a true unbounded uniform medium, since the spherical wave 
generated by a point source may be considered to be locally planar at long range's 
from the source. Second, it produces mathematically tractable results, since, once 
the assumption is made, the beamforming problem can be interpreted in terms of 
spatial Fourier transforms of the observed sound field. A large body of theory and 
e.xperience involving Fourier techniques can then be borrowed from other 
disciplines. 

The underwater acoustic research of the last two decades has increasingly 
pointed towards the conclusion that an unbounded uniform medium is a poor choice 
of model for the world's oceans. This is particularly true at the low fre(iucnci<'s of 
interest here, where even the deepest ocean depths may corres|)ond to only a fc'W 
hundred acoustic wavelengths. This conclusion is well umlerstood within tin- sound 
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propagation community, where more appropriate layered waveg\iicle models have 
gained wide acceptance. However, its impact on beamforming theory has been 
considerably more limited. This is primarily because the incorporation of a non- 
uniform medium in beamforming theory makes the plane wave assumption 
ph ysically unrealistic; it is the propagating normal modes that are the fundamental 
spatial sound structures in a waveguide. Giving up the plane wave assumption in 
turn requires that the Fourier transform interpretation and its attendant 
mathematical elegance be abandoned. Instead, the traditional techniques have 
generally been extended through the assumption of a medium that is locally uniform 
in the vicinity of the array. The plane wave assumption may then be maintained; 
the resultant beamformer output is interpreted in terms of the spatial Fourier 
transform of the sound field present at the array. 

This approach has three advantages. First, the procedure is reasonably 
robust.- Second, it is well understood, from both the theoretical and application 
viewpoints. Third, it still works well for horizontal arrays in oceanic waveguides, 
since, for this particular geometry, the vertical structure of the normal modes is 
effectively hidden; for a horizontal array, each mode appears to be no more than a 
plane wave with a particular grazing angle. 

The technique also has a number of serious drawbacks. I'irst, it is not very 
insightful, since, as mentioned earlier, the modal decomposition is much more 
physically relevant in a waveguide than the Fourier decomposition. Second, it is 
not a particularly efficient estimation scheme, for it re(|uires a large number (^f 
parameters (the amplitudes and phases of the incoming plane wav(*s from all 
possibh* directions) to be estimated in order to charact(*riz(‘ tin* total sound fi(*ld at 
tin* array. Repr(*s(*ntations that minimise tin* numb(*r of |)arann*ters ne(‘d(‘«| to 
cotnph*t('ly d(*scrilu* the fii'ld g(‘in*rally make bett(*r estimation t(‘chiuqu(*s b(*eaus(* 



- 15 - 



eacli parameter’s estimate includes at least a small amount of error. Finally, and 
most importantly, the approach obscures the impact that the waveguide model can 
have on the issue of target parameter estimation. 

Consider the information about a point source that an array can extract from 
the sound field in a uniform unbounded medium. The direction to the source (its 
three-dimensional bearing) is easily found by estimating the direction of the signal's 
wavenumber vector, but an estimate of target range can only be made through the 
measurement of the curvature of the spherical wave. At anything other than short 
ranges from the source, this implies an impractically long array, so that r.iiige 
estimation is generally not considered feasible. This limitation on target range 
estimation is closely linked to the unbounded medium assumption; if one adopts a 
layered waveguide model, though, direct estimation of the source range (and depth) 
from the observed sound field is at least theoretically possible for an array of finite 
aperture deployed vertically across the waveguide. Source range information can be 
obtained most directly from the relative phases of the various propagating modes, 
while the source depth can be extracted from the relative modal amplitudes. Other, 
less direct (and perhaps more robust), target range and depth estimation technk|ues 
are also possible. 

The great potential value of source range and depth estimation serves as the 
motivation for studying the nature of the modal amplitudes and phases. One of the 
fundamental scientific issues that must be addre.ssed in assessing the practical iitilit\ 
of range estimation in a waveguide is whether or not the relative modal aiu]>lit ud(‘s 
and phases are temporally stable. If both types of parameter can be coiisideiaal to 
be constant over reasonable hmglhs of time, then there is some chance that range 
estimation techniques might be feasibh': cotivers<“ly, if otie or both show significant 
random behaxior. then the ehatice for practical success is small. .\ot(‘ that it is the 
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stability of relative modal amplitudes and phases that is of interest here; it is 
entirely possible for these parameters to be essentially constant even if the 
equivalent absolute measurements display a great deal of random behavior. All that 
is required is that the absolute measurements not be independently random. 

The ultimate purpose of this thesis is to study the temporal stability of 
relative modal amplitudes and phases in one specific instance; that of long range 
sound propagation in the central Arctic Ocean. There are a number of reasons for 
choosing to study the Arctic channel. First, a reasonably extensive data set, 
including vertical array data, is available from the FR.VNI F\" Arctic Acoustic- 
Experiment. Second, the unique nature of the Arctic simplifies investigation in 
some important respects, although it complicates the effort in others. Finally, the 
Arctic channel possesses characteristics that make it a prime candidate, for 
successful application of the range and depth estimation techniques of interest. 

Intimately related to any such attempt is, of course, the ability to estimate the 
modal amplitudes and phases directly, which is equivalent to the development of 
beamformers more appropriate to the waveguide nature of the low freciueiicy ocean 
acoustic channel. In addition to supporting the ultimate objective of the tln-Nis, 
these are of obvious interest in their own right. An ancillary purpose of this thesis 
is to characterize some of the different ways in which the modal decomposition 
might be implemented and to study the performance of these methods in the Arctic 
sound channel. 
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1 sec 



Figure 1-1; Signal Replication for Hydrophones in a Horizontal Array 

(0 to 80 Hz Band) 



1.2 Preliminary Concepts 

Consider the set of time series displayed in Figure 1-1. These traces are the 
signals received on various hydrophones of a horizontal array from an e.xplosive 
source several hundred kilometers away. The important observation to make is 
that the signal received on any sensor can be considered to be just a time shifted 
replica of the signal received on any other sensor. Most linear beamforming 
techniques, at some point in their derivation, assume that the effect demonstrated 
in Figure 1-1 is true, whether or not it actually holds in practice. 

Because traditional beamforming techniques are so d(‘peiuleiit on the Nhifted 
re|)lica assumption, the methods experience difficulty when employed in sil nations 
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where the the assumption is not valid, as is the case with the set of time series 
shown in Figure 1-2. These traces are the signals received from the same e.xjjlosive 
source as in the previous figure, but now taken from various elements in a vertical 
array, so that the elements are distributed above and below each other in the water 
column rather than to either side, as was the case in Figure 1-1. Vertical arrays are 
of natural interest in a waveguide, since they sample the modal structure of the 
sound propagation much more fully than do horizontal arrays. Figure 1-2. for 
example, clearly highlights the modal structure of the channel much better than 
Figure 1-1. In particular, the long coda for the signal is the arrival of the first 
mode, which travels with a slower group velocity and with more dispersion than the 
other modes. The gradual shortening of the coda with depth demonstrates quite 
dramatically the variation of the shape of the first mode with frequency. Since the 
propagation path for the signals of Figures 1-1 and 1-2 is the same central .Arctic 
channel examined throughout this thesis, the reader will find the actual shape of the 
first mode for various frequencies in Figure 4-4. 

If it is the modal propagation structure that is to be studied, as it is here, tlien 
the shifted replica assumption is clearly inappropriate. A review of the channel 
model assumed by traditional beamforming techniques provides a better 
understanding of the alternatives. This model may be partially described in the 
vernacular of signal processing as the known signal in noise model. This means 
that the sound energ}' of interest, called the signal, is considered to be a known, 
deterministic waveform, with some unknown but non-random parameters that do 
not vary over time. The .sound energy not of interest is called the noise, and is 
a.ssumed to be an additive random process. t(jiial signal of known operating 
frequency typically has two unknown parameters, its amplitude and its al)soluie 
phase; these cat) be incorporated itito a single unknown compl(‘\ am|)litude if the 
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complex exponential notatipn is used. If one first quadrature demodulates the 
received signal at the nominal tonal frequency and then performs a low pass 
filtering operation, then the resultant output for any single hydrophone may be 
written as 

p{t) = A + n{t) , (l.l) 



where p(t) is the complex demodulated form of the received signal, A is the 
unknown complex amplitude, and n(t) is the complex noise process that results from 
processing the noise process received at the hydrophone through the demodulator 
and filter. 

This description tells only part of the full story, however, since it includes no 
information about the spatial nature of the field; that is, it does not indicate how 
the signal at one hydrophone is related to the signal at some other hydrophone 
located nearby. The shifted replica assumption is used to define this relationship. 
The model of equation (1.1) can then to be extended to cover all .V sensors in tin' 
array. Grouping all the different demodulated hydrophone outputs into one .V X I 
complex vector, and their noise processes into another, one may write 

2(0 = E -4 -t- n(/) , (1.2) 



where the .V X 1 complex steering vector E indicates the phase shift that each 
replica undergoes in propagating to its particular hydrophone 



E = 



je 

A- 



(1.3) 
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Win'll the .sensors in the array are distributed at varying di'ptlis in a 
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waveguide, as they are in Figure 1-2, the modal nature of the propagation must l)e 
acknowledged, making the simple shifted replica assumption an iiiade(iuate 
description. Instead, each normal mode of the total field can be considered to be an 
independent waveform, so that the the shifted replica assumption must be applied 
on a mode by mode basis rather than to the full signal. A vector of unknown 
complex amplitudes now exist, one for each of the A/ modes included in the model. 
Note that the selection of the number of modes M to consider is esseiilially a 
modeling decision that must be made by the user. The mathematical signal 
description E now becomes an N X A/ complex steering matrix of the form 

(1.4) 
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where the column of the matrix represents the generalized steering vector for 
the k^^ mode, which now includes amplitude factors that reflect the size of the 

mode shape at the various sensor depths in addition to the modal phase shifts 
The resulting model is then 

£(/) = E A + n(/) , ( l.o) 



where A is the A/ X 1 vector of unknown complex modal amplitudes. In C'liaptfu* 
2, this model is derived rigorously from both range-independent and range- 
dependent normal mode descriptions. 

The model implied by equation (1.5) forms the basis for all the different modal 
beamforming algorithms developed in C'hai)ter 5. In its temporal as])ects, ihis 
model is similar to the one used in the plane wav^e b(‘amforming (h‘\ el()i)niont. The 
two differ only in tlu'ir spatial aspects, and tlnm only in llu* numlM'r, and not tin/ 
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type, of the unknown signal parameters. 

Even though they have been modeled here as non-random constants, it is 
reasonable to assume that the complex modal amplitudes will actually vary 
randomly over time in any real ocean. The size and structure of these fluctuations, 
particularly the size and structure of the phase fluctuations for the different modes, 
is of fundamental importance to the proper characterization of the acoustic 
propagation from a signal processing viewpoint. Indeed, the measurement and 
analysis of these fluctuations is the ultimate objective of this thesis. The critical 
issue here is whether or not the phase variations found for any one mode ore 
independent of the phase variations found for the other modes. If the fluctuations 
occur independently of one another, then they destroy the phase relationship 
between the various modes; in this case the modes are said to be iticohereiil with 
respect to each other. On the other hand, if any fhictiiations that occur do .so 
simultaneously across all the modes, then the modes remain phase locked with 
respect to each other, and may be considered to be coherent. 

Examination of the coherence of the different modes is important for a 
number of reasons, three of which are mentioned here. First, the issue affects 
propagation modeling. If the modes are incoherent with respect to each other, then 
the individual modal phases can be ignored, and the total field energy shouKl be 
computed by summing individual modal energies. Conversely, if the modes are 
coherent, then both their amplitudes and their relative phases have to be predicted 
accurately, since they are needed to properly compute the total field. Second, the 
issue is central to the question of the feasibility of direct target range estimation, 
which, as discus.sed earlier, requires a strongly coherent mode field in order to 
produce accurate results, nnally, from a signal processing point of vitwv, a measure 
of the mode colu'rence is a critical element in any complete description of the multi- 



- 23 - 



path environment of the channel. An incoherent mode field indicate.s that the 
various transmission paths are independent and phase random; the often u^ed 
WSSUS assumption (wide sense stationary, uncorrelated scatterers) implicitly 
assumes this characterization. On the other hand, a consideration of the linear 
relationship between rays and modes leads to the conclusion that the multiple paths 
cannot be considered independent if the mode field remains coherent. 

A good measure of mode coherence can be made from the A/ X A/ modal 
cross-coherence matrix, which exists in two versions. The imnormalized form of the 
matrix can be defined as 

~ ^ > (1-b) 

where the -I- symbol stands for the conjugate transpose operation. The notation 
E [ • ] nominally represents the average over an ensemble of different trials; 
however, time averages rather than ensemble averages are almost always used when 
implementing the process. Each element of the matrix can then be written as 

Im.-C = E l.-l, .<.1 = E 1 1.4;| e - V,)| , I , 



where 



A . = l.A .| e (1.8) 

is the magnitude-phase representation of the complex modal amplitude. The 
elements of the normalized modal cross-coherence matrix are scaled versions of the 
imnormalized matrix elements, namely. 
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The nonnnlized matrix has two useful properties: its diagonal elements are all unity; 
and the magnitud(* of any non-diagonal element is iu)t larger than l.O. 
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To understand how the cross-coherence matrix reflects the phase randomness 
of the various modes, consider a situation where the magnitudes of the moilal 
amplitudes are constant and only the modal phases are allowed to be random. 
Then the elements of the normalized modal cross-coherence matrix assume the form 



If the two random phases are now completely independent of each other, then their 
difference is also completely random, so that the expectation takes on a value ('f 
zero. On the other hand, if the two modes are phase locked, then the phase 
difference takes on a constant value, even though the individual phases themselves 
may be totally random; the resulting magnitude of the matrix term is one. The 
magnitude of any term of the normalized modal cross-coherence matrix, therefore, 
provides a cpiantitative measure of the coherence- of the two modes comprising the 
term. 

Two issues remain; that of estimating the modal amplitudes and their cross- 
coherence based on the model of ecjuation (1.5), which is exactly the modal 
beamforming problem; and that of the applying a model that assumes a non-random 
signal to mode coherence estimation, which is a measure of the signal’s randomness. 
These subjects are taken up in Chapter 5. 

1.3 Objectives 

The ultimate purpose of this thesis is to measure the coherence between 
different normal modes emanating from a single tonal source and then proi>agating 
through the central .Arctic acoustic .sound channel to ranges of several hundred 
kilometers. .Such an in\ <>st igation implies a great deal more than that uhi<h is 
explicitly stated. To liegin with, if one wishes to measure the properties of the 
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nornial modes, then one must first understand the modal structure of tlic sound 
channel of interest; this, in turn, requires thorough investigation of some of the 
oceanographic properties of the local environment, including items sucli as the 
channel sound speed profile and surface and bottom descriptions. Obviously, there 
is a need to understand in detail the nature of the available data and the equipment 
and techniques used to obtain it. The received signal energy must be separated into 
the component modes while at the same time rejecting as much background noise as 
possible. This effort turns out to be non-trivial, and much of this thesis is spent 
understanding the methods available, their performance in various situations, and 
their sensitivity to the realities of field research. 

If one has managed to accomplish all of the above, then there is a reasonable 
chance of making some valid measurements of the coherence of the various modes. 
At the same time, greater insight is (hopefully) gained into the nature of sound 
transmission in the channel under consideration, and thus it is valuable to considc'r 
the acoustic propagation implications of the results. 

This thesis thus has five general objectives: 

1. To describe and understand the modal structure of the central .Arctic 
sound channel encountered during the FRAM lA" Experiment, including 
the effect of different environmental aspects on this structure and its 
implications for the source and receiver geometries involved; 

2. To develop the beamforming methods needed to make direct modal 
amplitude estimates for narrowband tonal signals, particularly when 
vertical arrays are employed, and to answer some of the performance 
questions regarding thes(> techniques; 

3. To assess the operational utility of vertical arrays, and to umlerstand the 
impact of some of the practical realities encountered in their use, 
particularly with respect to the modal decom[)osit ion ju'ocess: 

I. To answer the (piestion of whether or not the amidi:udes of the various 
modes generated from from a single harmonic point source remain 
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coherent after propagation to long ranges in the Arctic sound channel: 
and 

5. To assess the implications of the modal amplitude and coherence 
estimates made in light of the current understanding of central Arctic- 
sound channel propagation. 

1.4 Contributions 

This thesis provides a number of significant contributions to the fields of 
underwater acoustics and signal processing. These contributions may be cla.ssified 
into three areas. 

First, there are several contributions made to the discipline of signal 
processing and, in particular, to beamforming theory. The modal beamforming 
algorithms developed in Chapter .5 are not really -new. Hinich [t2], [13]. Clay [17], 
and Bucker [9], among others, have all covered similar ground. In any case, the 
results are straightforward analogs of earlier plane wave processing results examined 
by such a large number of other investigators, such as Schweppe [7l|, Cajcoii [10], 
and Baggeroer [2]. Rather, it is the performance evaluation of these estimates 
which is unic|ue in this work, especially because it is made for a real array and a set 
of modes developed from a real channel. The assessment of mode resolution 
provides .some valuable insight into which modes can be distinguished and which 
cannot. The study of the numerical stability limits to the number of modes that 
can be simultaneously included in a multiple beam beamforrner contributes in a 
simitar way. The performance relationships of multiple beam and single beam 
algorithms, especially for the ML.\I a])pr(Uich. is a subject not ade(|uately addn-xscd 
])reviously. Finally, the examination of the diffiriilties of the .\1LM algorithm in tin- 
face of coherent nuxlal signals provides a differtuit persitective on aiiotln'r import:int 
signal processing issin* that is all too often incorrectly ignored. 



The second area of contribution deals with the practical issues involved in the 
use of vertical arrays. Most important here is the finding that modal decomposition 
is extremely sensitive to array tilt. This result has tremendous operational 
significance, because it indicates that the shapes of vertical arrays must be known 
far better than they are presently, if the devices are to be exploited to anything 
near their theoretical potential. 

The area in which this thesis makes the largest number of significant 
contributions, however, is to the discipline of underwater acoustics, particularly to 
the understanding of how' low frequency sound propagates to long ranges in the 
central Arctic Ocean. This thesis represents the first time that modal amplitude 
and phase measurements have been made for low frequency tonal signals using 
actual field data from a vertical array and direct modal decomposition techniques. 
Previous efforts involving modal amplitude estimation for tonal sources, such as the 
shallow water experiment conducted by Ferris [33] and the laboratory investigation 
of Hobaek, Tindle, and Muir [4 l], have all allowed the channel itself to accomplish 
the modal separation by utilizing pulsed sinusoids which then separate temporally 
into the various modal arrivals because of different modal group velocities. The 
present effort obviously has much wider scientific and practical application. 

Beyond the intrinsic value of modal beamforming as a tool for further 
scientific investigation, additional contributions are made in understanding the 
process of low frequency transmission in the central Arctic. In particular, both the 
modal amplitude and coherence estimates made here are the first of their kind to be 
attempted, and provide some very new and very different insights into .Arctic Otaain 
pro|)agation. The picture of an essentially deterministic sound field that emerges 
from the coherence measurements and the stability observations not oidy verifies 
.Mikhalevsky 's earlier findings [.")7]. but also expands on them consid(‘rably . since the 
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various propagation paths have now been at least partially separated. The 
classification of two significantly different propagation regimes, one below 40 Hz 
and the other above, has practical implications beyond its usefulness in cataloging 
Arctic propagation; these are discussed in the conclusions of Chapter 8. The ice 
scattering effects displayed in the results provide new insight into a very important 
problem that has not been satisfactorily solved. Of the most interest here are the 
indications that sound energy scattered by the ice remains coherent with the 
specular field, and may play a significant role in the overall sound transmi.ssion 
picture. Finally, the in depth study of the modal structure of the central .\rctic 
conducted in Chapter 4 provides new perspective on the role that the strong .\.rctic 
surface duct plays in channel propagation. 

115 Thesis Organization 

The remainder of this thesis consists of seven chapters and two appendices. In 
general, each chapter covers one major aspect of the overall analysis. 

Chapter 2 lays the theoretical groundwork for modal beamforming techirKpies 
by providing a mathematical description of the sound field generated at a distant 
array by a point source that is located in a waveguide. This description, which is 
based on acoustic normal mode propagation theory, is then couched in a form to 
which optimal estimation theory can easily be applied. 

Chapter 3 provides a full description of the FR.AM I\' .\rctic Acoustic 
Experiment from which the data set of interest is drawn. Most of the iinpoitant 
technical details of the experiment (navigation data, hardware descri|>t ions, etc.) are 
also provided. ,\ prelimitiary analysis of some of the practical issues involved in 
dealing with suspended array .systems is incltided. This is done to highlight the 
issues’ relative importance to the modal l)eatnrorming problem when using both 
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horizontal and vertical arrays. The preprocessing scheme used to compress the data 
set to a usable size is discussed. Finally, some of the resultant time series are 
analyzed to provide preliminary insight into the modal energv' distributions and 
coherence values that might be expected. 

Chapter 4 presents a detailed analysis of the significant environmental as])ccts 
of the central Arctic sound channel. An in depth study of the modal structure 
encountered during the FRAAI FV Experiment is made for the source-receiver 
geometries of interest. This study is a necessary preliminary to any modal 
beamforming effort, since it defines the specific spatial structures of interest 
throughout the rest of the thesis. 

In Chapter 5, several different modal beamforming algorithms are developed 
theoretically from optimal estimation theory. Their theoretical performance is then 
analyzed, leading to the selection of a multiple beam least squares technique as the 
most suitable method for processing the data from the vertical array. 

Chapter 6 studies the most important practical issue that arises when 
attempting modal beamforming with vertical arrays; tliat of array tilt. The modal 
decomposition process is shown to be extremely sensitive to the effective tilt angle. 
Since no direct tilt measurements were made during the FR.\.\1 experiment, a 
relatively simple method for its estimation from the acoustic data is developt-d. 

Chapter 7 presents the outputs of the modal beainforming proei'.ssor \shen 
applied to the actual data set. Horizontal and vertical array measuremeiit> are 
contrasted, and both are compared against theoretical predictions. .Some 
corroborating shot data is also presenttsl. ddie modal amplitude and mode 

coherence results are analyzed to understand their implications for central .\rctic 
sound propagation. 
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Chapter 8 provides a summary of the results and a general discussion of the 
final conclusions of the thesis. 

Each of the two appendices deals with a particular mathematical aspect of 
modal beamforming theory needed to make the analysis rigorous. 
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Chapter 2 

A Modal Source Description 

The purpose of this chapter is to rigorously develop, in a form that is 
tractable within the context of signal processing theory, a mathematical model to 
describe the sound pressure field that a harmonic point source imbedded in a 
waveguide generates at a distant receiving array. The final result of this 
development has already been presented (in a somewhat simplified form) in 
equations (l.t) and (1.5). The present chapter is designed to provide a more 
detailed presentation of the implied assumptions and the line of rea.soning that leads 
to this result. The development consists of two parts. First, normal mode 
propagation theory is reviewed for both the range independent and range dependent 
channels. Normal mode theory is the natural starting point for this thesis, since it is 
modal characteristics that are of interest here. Ek^sides providing a solid link from 
the various forms of normal mode theory to the present effort, the review also 
provides an opportunity to introduce the nomenclature and notation tliat is used 
through-out the rest of the work. 

The remainder of this chapter is concerned with the conversion of tlie various 
modal propagation theories to forms that describe the sound pressure field in lh(> 
immediate vicinity of a distant receiving array. This conversion is important, a^ it 
represents the boundary between theories in the underwater acoustics domain and 
those of the signal processing domain. The results then Ix'come the Ijasis for all 
further work in this thesis. The assumptions and ai)pro.\imat ioii'' lu'cchsl to 
complete the conversion are carefully presented, and the change in noi.'ition tn the 
matrix forms typically used in signal proce>sing is described. 
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In its simplest form, that of a hard or non-propagating bottom, range 
independent normal mode theory is a simple application of the standard separation 
of variables approach to the solution of the wave equation. Pekeris, in his classic 
paper [64], first showed how the concept could be extended to the case of a more 
realistic ocean bottom, that of an infinite fluid half space with a given sound speed 
and density. Today, of course, any number of standard references include 

discussions on the subject [70], [18]. Range dependent normal mode theory is 
somewhat more recent and not as well documented. Originally j)rop()sed l)v Pierce 
[65] and Milder [58], it is an area of active interest that has been used to inv<'stigale 
the effect of range variations in the surface, in the water column, and in the 
bottom. Examples of recent work include Rutherford [72], Dozier and Ta|)pert [27], 
[28], and Beilis and Tappert [5]. 

2.1 Normal Mode Propagation in a Range Independent Channel 

Consider the channel illustrated in F^igure 2-1. An idealized oceanic 
waveguide is assumed to be horizontally stratified and symmetric with respect to 
the angle dimension of a cylindrical coordinate system, making only the range and 
de|)th dimensions of interest. The waveguide is of depth II with boundaries 
consisting of a pressure release surface at c = 0 and a bottom at c = II. 'Pile 
bottom may be either hard (non-propagating) or soft (pro|>agating), but the former 
is assumed for ease of development. A discussion of tlu> propagating bottom 
development is presented in the sequel. An arbitrary sound speed variation that i.s a 
function of depth, but not of time or range, is a.ssumed. For sim|)lieity, a deti^ity 
which is constant over depth is assumed: the approach can be easily extembsl to 
include (h'usities that vary with depth. 

Let a harmotiie |>oint .source of fre(|iiency be located ,at (r.:) = (().-.)• d'he 
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r = 0 r 




wave equation for the sound pressure may be written as 




where 

p = p{r,zj) , 



and wlinre S is tiie sound pressure level in //Pa at a distance of 1 imUc'r from the 
source in an ii'.finite uniform im'dium (tlu‘ units of S are //Pa • m). Tin* factor of *J 
arises from the different normalixat ions of tlu‘ impulse function in the c\lindriral 
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and spherical coordinate systems. The appropriate boundary conditions are 

p(r,0,/) = 0 , (2.3) 



dp 

Tz 



= 0 



( 2 .- 1 ) 



r,H,t 



and a radiation condition at infinite range. 

Taking the temporal Fourier transform of equation (2.1) and evaluating it at 
the frequency of interest yields the Helmholtz equation 



la / a--p^Z-W„y > 






where 



P = p(^~./o) = F[p(r,c,f)] 



( 2 . 6 ) 



Range independent normal mode theory for the hard bottom case then arises as a 
natural separation of variables solution to equation (2.5). The depth functions Oy(~) 
which provide the various mode shapes are the eigenfunctions of the one- 
dimensional Helmholtz equation 




with appropriate boundary conditions derived from equations (2.3) and (2. 1). The 
horizontal wavenumbers k- of the various modes are related to the a.ssociated 

I 

eigenvalues. Because of the nature of the boundary conditions, it is easy to ca^t this 
problem into a Sturm-Liouville form [-11], so that the mode shaj^es form a com])lete 
orthonormal (CON) set. This CON set has three important properties. 'Po l)egin 
with, the functions within the set are orthogonal, .so that 
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The density is included here in analogy to the results obtained when the density 
is allowed to vary with depth; for that condition, the reciprocal of the density 
function acts as the weighting function in the orthogonality relation for the inode 
shapes of pressure. Note that this differs from the results obtained for the mode 
shapes of acoustic velocity potential, where the density term appears in the 
numerator of the orthogonality relation rather than the denominator. 

In addition to being orthogonal, the functions are also normalized, so that 



Finally, and most importantly, the completeness or closure property guarantees 
that any arbitrary function of c can be completely represented by an appropriately 
weighted sum (perhaps infinite) of the various <t>^{z). 

Decomposing equation (2.5) on the mode set and using the delta function 
e.xpansion 



This is a Bessel equation of order zero, having the two types of llankel functions as 
its solution. Such a result is e.xpected, since the range deiiendeiice represents the 
cylindrical spreading of each mode. The radiation condition re(|uires that the 





( 2 . 10 ) 



leads to the range equation for each mode 




( 2 . 11 ) 



llankel function of the second kind be .selecteil for strictly outward propagation. 
Note that if the temporal exponential in equation (2.1) were chosen to ha\c the 
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opposite sign, the proper choice to meet the radiation condition would be tlie 
Hankel function of the first kind. At distances of more than a few wavelengths 
from the source, the Hankel function may be replaced by its asymptotic equivalent 




yielding 




where 




(-M3) 



(2.14) 



Each term of the result has been conveniently arranged in three parts. h-{r) 
plays the role of a range dependent modal amplitude, while provides the 

normalized depth dependence that represents the shape of the mode and the 
comple.v exponential provides the traveling wave phase advance. While the purpose 
of this development has traditionally been to compute a sound |)ressiire level as a 
function of depth, the point of interest in this thesis is rather the internal form of 
each term and. particularly, the result for the modal amplitude given in equation 
(2.14). 

The resulting solution thus provides the following descri|)tion of the 
propagation (shown in Figure 2-2); 

1. The .source excites each mode to a level proportional to the size of the 
mode shape at the source d(>|)th; and 

2. Each mode then propagat(>s independently outward from th(> source as a 
non-homog<‘neous cylindrical wave (since th(> wave aiiq)litude varies with 
dejith) having its own uuicini* wavenunibt'r and depth de|)endeiice. 
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Figure 2-2: Range-Independent Modal Propagation 

Although the expression in ecpiation (2.13) nominally extends over an infinite 
mode set, only a finite number of modes actually propagate. Beyond a certain 
mode number, the associated modal horizontal wavenumbers turn imaginary, 
yielding a decaying exponential in range rather than a propagating wave .solution. 
Such modes are known as being in cutoff. At long ranges from the source, the 
contributions to the sound pressure field from these modes in <-iitoff beruine 
negligible, effectively limiting the sum to a finite (although possibly large) number 
of modes. 'Pile number of moiles that need to be included in tin* sum ni.iy be 
further reduced by other efb'cts on an individual case basi>. 'Puo e\ample-> are 



-38- 



selective modal excitation due to the deployment depth of the source and plivsical 
attenuation processes which favor some modes over others. 

Having completed the development for the condition of a hard bottom, the 
more physically realistic case of a propagating bottom must now be addressed. A 
full development for a propagating bottom along the lines of Pekeris [64] has been 
avoided, as it requires much more mathematical complexity yet generates no 
significant differences in the final result. Instead, the propagating bottom results 
are simply contrasted with those presented above to provide some insight into the 
relationship between the two problems. 

The primary difference between the hard bottom condition and the 
propagating bottom condition occurs in the definition of the COX mode set. The 
lower boundary condition associated with equation (2.7) in the latter case no longer 
allows it to be classified as a Sturm-Liouville problem, so that a COX set of mode 
functions cannot be guaranteed. How'ever, it is still possible to define a set 
consisting of a finite number of trapped mode shapes. These mode shapes can be 
made orthonormal through proper scaling, so that equations (2.8) and (2.6) are still 
applicable if the range of integration is extended to infinity. This is rea.sonable, 
since, for an infinite half space bottom, the resulting sound pre.ssure field also 
extends infinitely in depth. 

The set of trapped modes is not coin])lete, however, so that although the 
results presented in equations (2.13) and (2.14) are applicable to the portion of 
energy carried in the trapped modes, it is possible for energy not resident in the 
trapped modes to also contribute to the sound pressure field. This additional 
contril>uti()ii is carried by the continuuin of modes that |>ro])agate into tlie l)()ttotii. 
and a further term involving an integral over tht> infinitely dense continuum nio(|e 
set must be included in ecpiation (2.13) to account for it. 4'lie contribution c.in lu‘ 
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expected to attenuate with range, however, as more and more of the continuum 
energ>' is lost due to propagation into the bottom. At long ranges, the continuum 
may be neglected, so that ecpiations (2.13) and (2.14) still pertain; but with the sum 
limited to the trapped modes. Thus, the net effect of the propagating bottom is 
twofold: to change the range of the summation from the modes not in cutoff to the 
trapped modes; and to increase the minimum range at which the result is valid. 



r = 0 




Figure 2-3: An Idealized Range-Dependent Oceanic W aveguide 
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2.2 Normal Mode Propagation in a Range Varying Channel 

The most restrictive assumption made in the previous section is the 
characterization of the channel properties, including boundary conditions, as being 
independent of range. To relax this assumption, one can assume a sound speed that 
is now a function of both depth and range (see Figure 2-3). This change makes the 
resulting partial differential equation inseparable, so that the approach of the 
previous section must be abandoned. Instead, a partial separation of variables is 
invoked by allowing the various mode shapes to vary in range as well. In other 
words, as the modes propagate outward from the source, their ^hapes are now 
allowed to change as they encounter channel range variations. To find the range 
dependent mode shapes, one must solve the equivalent of the one-dimensional 
Helmholtz equation (2.7), now parameterized in range 




where 

• (--lb) 

Suital)le boundary conditions must also be included. The approach r(>quires that 
the associated eigenvalues, and thus the modal horizontal wavenimilx'rs. also be 
functions of range. If the discinssion is again restricted to a hard bottom boundary 
condition, a CON set of mode shapes can be found at any particular range. 
Because the separation of variables is only partial, the resulting range equations 
remain coupled; following Rutherford [72], one obtains 
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where the coupling parameters are 




2 



f" 1 (2 »/q)- a<-o( --.'■) 
^0 ^0 






(2.18) 



for t 7 ^ A:; 0 for / = k-. 



and 




/■'' i Mid ,, 

dr Jq Pq dr dr 



(2.19) 



The assumptions implicit in the derivation of these coupling parameters are a 
constant density and range invariant boundary conditions. Allowing the boundary 
conditions to vary with range affects the form of the cou|)ling coefficients [72]. 
However, most problems involving range varying boundary conditions can be recast 
to have range independent boundaries by the proper redefinition of sound specil and 
density. The comments made previously concerning the inclusion of soft or 
propagating bottoms are, in general, also applicable here. 

Because the range equations presented in (2.17) are coupled. the_\ are not 
typically amenable to analytical solution, and further d(‘veloi)mi‘nt beyond this 
point involves either numerical evaluation or the api>licat ion of ai)pro\imat ions. As 
might be expected, the resulting general solution is not very revealing: 
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( 2 . 20 ) 



One particular approximation generates an important subset of coupled mock* 
theory that is more analytically tractable. Adiabatic mode theory arises by ignoring 
the effects of the coupling coefficients in (2.17). This is equivalent to assuming only 
very gradual channel variations in range, which is often the case in practice. 
Dropping the coupling terms once again leads to independent range equations. In 
addition, the assumption of gradual range variations requires that, in the large 
range limit, the solutions of these equations must be asymptotic to 



I'niike the range independent case, it is not possible to find a general closed form 
solution for b-(r). The nature of the coefficient preceding the range delta function 
on the right hand side of equation (2.17) does guarantee that b.{r) are proportional 
to both the source level S and the size of the mode shape at r = 0. 

Adiabatic mode theory thus generalizes the physical pictur*' of mode 
propagation as follows (as illustrated in Figure 2-4): 

1. The source excites each mode to a level propc^rtional to the ^izc of the 
mode sliaj^e at the source depth, where th<“ mode set is evaluated for the 
source sound sj)eed profile; and 



/?.(r) ~ 6 .(r) e ^ . 



The full adiabatic solution is then 




2. Fach mode then propagate.> independently outward from the MUirce a> a 
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r = 0 r 




Figure 2-4: Range-Dependent Adiabatic Modal Propagation 



non-lioniogeneous cylindrical wave (since the wave amplitude varies with 
depth) having its> own unique wavenuinher and depth depmuleiice. Both 
of these are now allowed to vary with range. It is imi)ortatit to realize, 
however, that in this approximation the modes still propagate 
independently. 

Full coupled mode theory further complicates the picture hy including mode 
conversioti effects. In this case, the various modes are allowed to excliange eiu'rgy 
in addition to varying their shapes and wavenumhers as they [)roj)agate down the 
chanmd. so that they no longer [)ropagate outw.ir<l in a completely independent 
fashion. 
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'i direction of 





Figure 2-5: Relationship of Source and F?eceiver C’oordinate Systems 

(top view) 



2,3 Modal Source Description at a Far Field Receiving Array 

While the descriptions developed above are quite us(‘ful when dealing* with 
underwater acoustic propagation theory, a further step is lUK-essary to coinau't thcun 
into a form useful in the context of signal processing. Array theory deals with tin* 
field at the rec(uv(T rather than at the s()urc(»; therc*for(\ it is appropriate* to shift 
coordinates to a system with its origin at some arl)itrarily (h'fiinHl reb^iauna* point 
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near the receiving array, and then to expand the field representation in the vicinity 
of this new origin. Several approximations and assumptions can then be used to 
simplify the resulting expressions. 

Consider the diagram of the pair of two-dimensional horizontal coordinate 
systems shown in Figure 2-5. The (r,d) coordinate system at the left represents the 
polar coordinates in which the propagation problem has been solved. The 
coordinate system on the right represents the new receiver coordinates, with an 
origin at the arbitrarily defined receiver reference point. This point is assumed to 
be located at range and angle 6^ in source coordinates. The angle is the 
horizontal direction of propagation at the receiver reference point with respect to 
the receiver coordinate system. 

From the law of cosines, the source range r for any point (x.tj) in receiver 
coordinates may be found to be 

r = Tq Vi + ^ix/r^) cos + 2(y/r^^) sin d + (-r/ro)" + ('//'q)" ■ 

In the immediate vicinity of the receiver reference point, the receiver coordinate 
offsets X and y are small when compared to r^^. For this condition, the terms 
containing these offsets are of first order, while the terms involving their squares are 
of second order. Expanding the square root as a binomial series and dropping all 
terms beyond first order leads to 

r Tq -b j: cos i3 + y sin . (2.2-1) 

.Xeglecting the higher order terms is equivalent to approximating the cyliiidrically 
pro|)agating modes with ones that are planar in the immediate vicinity of the array. 
In the sequel, the approximation in ecpiation (2.21) is applied to all the sensors in 
the receiving array. To guarantee that the approximation is valid, two restrictions 
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are needed. First, the receiver reference point must be chosen to be close to the 
array; second, the array aperture must be small compared to the source-receiver 
range. Both of these conditions are easily met in practice. 

Conversion of the range independent modal solution to the new coordinate 
system simply requires the replacement of r in equations (2.13) and (2.14) with the 
expression given in (2.24); retaining first order accuracy in the phase but limiting 
amplitude terms to order zero only, one obtains 

p(7,-’,0 = 7,(-) ' 



where the vector 

^ , 



(2.26) 



and the vector 

K. = {k. cos 0, k. sin 0) (2.27) 

is of magnitude k. and points in the direction of propagation. The modal amplitude 
is now a function of only 



For the range dependent cases, an additional assumption of the horizontal 
homogeneity of the channel over the aperture of the array is needed for tractability. 
Given this assumption, the adiabatic theory solution (equation (2.22)) can then be 
converted to 






I 



( 2 . 20 ) 



with 



a . = 






(2.30) 



Here the magnitude of the wavenumber vector is the value of the horizontal 
wavenumber evaluated at the receiver reference point Ar^.(r^). Conversion of the full 
coupled mode solution (equation (2.20)) is more complicated, but results in the same 
form as for the adiabatic solution with a different definition of the modal amplitude 
a.. Because the channel is assumed to have no range variations over the apart me of 
the array, the two sets of coupling coefficients A-f, and vanish in this region. .V 
far field representation of the solution of equation (2.17) that is valid over the 
aperture of the array can be written as 



where any energy scattered back to the array from channel range variations that 
are beyond it has been ignored. The resulting solution is then has the same form as 
equation (2.29), with the modal amplitude now defined as 



Again, the magnitude of the wavenumber vector is that of A'^(r|j). 

It can be seen that all three approaches lead to the same representation in the 
region of the receiver. In vector notation this may be written as 



If .\/ iiK)des are included in the model, A becomes an M X 1 column vector, each 
element of which is one of the complex modal ainplit mb’s a i^r.:) is ;iKo ,in 
.\/ X 1 column vector with elements 




(2.31) 



0 . 
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i\{r,z) 




(2.34) 



where all mode shapes and wavenumbers are those for the vertical channel structure 
found at the receiver. While the functional form of the modal amplitudes a ^ varies 
depending on the particular theory chosen, in all cases they may be considered to be 
constant across the aperture of the array. 



The bridge from equations (2.33) and (2.34) to equations (1.4) and (l.o) is now 
straightforward. The total signal received on any hydrophone is a.ssumed to consist 
of the signal model just developed plus additive noise. If equation (2.33) is then 
evaluated at each of the iV hydrophone locations in the receiving array, the results 
collected into an N X 1 complex vector, and a quadrature demodulator used to 
remove the harmonic time dependence, equation (1.4) is recovered exactly. Each 
row of the N X A/ steering matrix is comprised of the ^ vector evaluated at a 
different sensor location 






E = 






(2.3.- 



Comparison with equation (1.5) allows to be identified as 



e., = —K, r. . 

tk k t 



(2.30) 
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2.4 Summary 

A mathematical model to describe the sound pressure field that a harmonic 
point source imbedded in a waveguide generates at a distant receiving array has 
been developed from first principles. This model has been presented in a form to 
which optimal estimation theory can be applied. It has been shown that range 
independent mode theory, adiabatic mode theory, and coupled mode theory all lead 
to the same model; only the nature of the modal amplitudes is different (equations 
(2.28), (2.30), and (2.32), respectively). To achieve this result, both of the range 
dependent theories require an additional assumption of horizontal homogeneity of 
the channel characteristics over the aperture of the array. Subject to tliis 
assumption, the modal amplitudes can be considered constant across the array. For 
the range independent and adiabatic results, the modal amplitudes have betui shown 
to be directly proportional to both the source level and the size of the mode sliape 
at the source depth. 

The long range or far field assumption has been used to justify a number of 
approximations. These include the neglect of either the modes in cutoff or the 
continuum modes, as applicable; the use of asymptoticly equivalent forms for the 
various range functions; and the acceptance of a local plane wave approximation in 
place of the actual cylindrically spreading mode. 

As seen by the array, each mode appears to be a non-homogeneoiis plane wave 
propagating horizontally away from the source with uni<iue horizontal wavenumber 
and depth dependence. The depth dependence of each mode is defined by its mode 
shape function; the various mode shapes have lieeii shown to be orthonormal at any 



particular range. 
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Chapter 3 

The FRAM IV Data Set 

The purpose of this chapter is to describe the details of the experiment during 
which the data set to be analyzed was taken. The nature and general layout of the 
experiment are first discussed. Following that are descriptions of the acoustic 
source and the two receiving arrays available, one a horizontally deployed two- 
dimensional array and the other a vertical line array. Some important coiulu.''ion> 
about practical differences between horizontal and vertical arrays are included. The 
details of the data acquisition and storage system and a description of the actual 
signals analyzed in this thesis are then presented. A discussion of the preprocessing- 
employed prior to beamforming and an initial analysis of some of the preprocessed 
data complete the chapter. 

3.1 The FRAM FV Experiment 

FRAM IX, conducted in the spring of 1082, was one of a continuing serie-> of 
multi-institutional Arctic Ocean research projects sponsored by the Office of Naval 
Research. The experiment was designed to study the low frequency acoustical and 
geophysical properties of the central Arctic environment. Additionally, several 
physical oceanography and bottom geologv- experiments were conducted: !)esides 
characterizing the central .Arctic region in their own right, these second.-iry 
investigations were designed to provide concurrent measuremeut of tin* 
environmental parameters nece.ssary to characterize the acoustic chaniK'l from :i 
theoretical standpoint. 

The experiment was conducted from two ice cani|)s locatfsl on the ((Uitral 
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Figure 3-1 



Cieiioral Locations of the PRAM and d'RISTliN Icc Camps 
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Arctic permanent pack ice. The larger of these camps was named FR.VNl, and was 
established in the Barents Abyssal Plain, as shown in h’igure 3-1. The hydrophone 
receiver arrays and the data acquisition systems were located here. A second camp, 
known as TRISTEN, was established about 300 km to the west of PRAM near the 
Mid-Arctic Ridge, primarily for the purpose of deploying a high power, low 
frequency acoustic source used to transmit tones and other, more complex 
w'aveforms. Explosive charges were also employed to generate impulsive source 
data for both acoustic and geophysical analyses. These charges were set off from 
various sites. 

The FR.AM data set has formed the basis for a number of recent pa|X‘rs: 
several cover topics that are germane to this thesis. The report by 'Fiemann, Ardai. 
Allen, and Manley [78] provides a full analysis of the navigation data for the 
experiment. Dyer [32] and .Makris and Dyer [50] summarize what is currently 
understood about the nature and causes of Arctic ambient noise. Duckworth 
[29] and Duckworth and Baggeroer [30] provide detailed investigations of the 
bottom characteristics in the region near the FRAM camp. Mellen and DiNaj)oli 
[55] and DiNapoli and Mellen [25] characterize the propagation loss for the central 
Arctic and attempt to quantify the effect of the Arctic ice canopy on this 
propagation loss. Mikhalevsky [55], [57] investigates the tem|)oral stability of tonal 
signals propagated in the .-\rctic channel in some detail: although the data examined 
in these studies were taken from the earlier FR.AM II experiment, the results .ire 
equally applicable here. Polcari [57] characterizes the strueture of the 
TRISTENYFR.AM acoustic transmission path. Finally, A ang and (iiellis[81] ha\e 
ri'cently atteinjited modal d<“com|)osition from the FRA.M 1\ vertical arra> ii>ing 
spatial Fourier teehni(|Ues. with mixed success. 
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Figure 3-2: Drift of the FRAM and TRISTEN Ice Camps 



3.2 FRAM IV Navigation Data 

The FRAM receiving camp was established at 81.1 N, 23.1 E on 23 .March. 
1982 (see Figtire 3-2). It drifted approximately 260 km to the .southwest over the 
course of the experiment, and was abandoned at 82.6 X. 6.9 1C on 11 .May. d'he 
TRhSTEN source camp was established at 8-1.2 X", 4.6 W on 26 .March; it was 
manned until 26 April, during which time it drifted 90 km south to 83. 1 .\. 5.8 \V. 
The acoustic data of interest was transmitted from TRlSd'lC.X to FR.\.M during two 
separate periods of time, 6 to 8 .Vpril and 16 to 19 ,\pril. Figun' 3-2 indie.ates 
representative positions for eacli of these periods, while d'ables 3-1 and 3-11 tabulate 
tlie full navigation data for the same positions. .Ml the d.ita presented here has 
been derived from ref(>rence [78]. 
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Date: 
Time: 
FRAM Posit: 
TRISTEN Posit: 
Array Rotation: 
TRISTEN Azimuth Angle: 
TRISTEN/FRAAI Range: 

Date: 
Time: 
FRAN4 Posit: 
TRISTEN Posit: 
Array Rotation: 
TRISTEN Azimuth Angle; 
TRISTEN/FRAM Range: 

Date: 
Time: 
FRAM Posit: 
TRISTEN Posit: 
Array Rotation: 
TRISTEiN Azimuth Angle: 
TRISTEN/FRAM Range: 



6 Apr 82 
1800 

83.80 °N 16.82 °E 
83.84 ° N 5.55 ° W 
15.6 ° east of true North 
86.5 ° 

265 km 

7 Apr 82 
2100 

83.76 °N 16.08 "E 

83.81 ° N 5.88 ° W 
15.9° east of true North 
86.1 ° 

262 km 

8 Apr 82 
1530 

83.72 °N 15.96 E 
83.78 “N 5.83 W 
16.2° east of true North 
86.1 ° 

262 km 



Table 3-1: TRISTEN/FRAM Navigation Data for the Horizontal Array Data Set 



3.3 Horizontal Azimuth Angle Conventions 

Before continuing, a short comment on the measurement conventions u.secl in 
this work for horizontal direction angles is in order. Whenever incoming signal 
horizontal azimuth angle values are quoted, the convention implied throughout the 
thesis is that the azimuth angle has been measured from the ref(‘rence diia*ction to 
the direction if) n:hich the signal is propagating in a clock\\ise direction, ddiis 
maki's the azimuth angle exactly the reciprocal angle of the moia‘ tiaiditional 
b(‘aring angle. As a simple exam|)le, a signal propagating from a M)urc(‘ to llir 
nortlnu'st arrives on a ln*aring of 315 ; since lh(‘ signal ilM‘lf is tra\(‘ling to\\:\r(N 



! 
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Date: 


16 Apr 82 






Time: 


1430 






FRAAI Posit: 


83.55 ° N 


15.04 


°E 


TRISTEN Posit: 


83.66 °N 


5.70 ' 


AV 


Array Rotation: 


17.6° east 


of true North 


TRISTEN Azimuth Angle: 


85.6 ° 






TRISTEN/FRAM Range: 


255 km 






Date: 


17 Apr 82 






Time: 


1930 






FR.AM Posit: 


83.49 ° N 


14.86 


E 


TRISTEN Posit; 


83.66 ° N 


5.69 


W' 


Array Rotation; 


17.4° east 


of true North 


TRISTEN Azimuth Angle: 


86.8° 






TRISTEN/FR.NM Range: 


254 km 






Date: 


19 Apr 82 






Time: 


0300 






FR.AAI Posit: 


83.48 ° N 


14.77 


°E 


TRISTEN Posit: 


83.64 ° N 


5.59 


W 


Array Rotation; 


17.1° east 


of true North 


TRISTEN Azimuth .\ngle;. 


87.2° 






TRISTEN/FR.VM Range: 


253 km 







Xable 3-II: 



TRISTEN/^ Navigation Data for tin* \"ertical Array Data Set 



the southeast, however, its azimuth angle is 135° . 

Azimuth angles are reported in a range from 0° to 360 , and are referenced 
to the north leg of the horizontal array rather than true North. The reference is 
chosen so as to be fi.xed with respect to the array. Because tlie ice from wliich the 
array is suspended is free to rotate relative to the global coordinate system, tlie 
relationship between the array and true North is not static. In actuality, the net 
array rotation turns out to be small. The direction of the array's north leg vari(>s in 
a band of only 2.5 around its median value of 16. 1 east of true .North during lln“ 
period of the main acoustic ex])erimentat ion: soim>wliat larger shifts are observed 
towards tlu' 'Mid of the (‘X|)erim(Mit. .None the less, evcui these small variations ;ire 
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significant, especially when high resolution beaniforming techniques are em])loyed. 
Tables 3-1 and 3-II both include appropriate array rotation data. 




1 I t 1 1 i I . 

0 10 20 30 40 SO 60 70 80 

Frequency (Hz) 



Figure 3-3: Source Levels for the TRISTEN Source 



3,4 The TRISTEN Low Frequency Source 

A modified IILF low frequency source was deployed to a depth of 91 m at the 
TRISTEN camp. Approximately loO hours of signals were broadcast in a frecjiKuicv 
range from 5 to 110 Hz, Several different waveform types are includ(‘d in the signal 
set. Of interest here art* a series of tonal signals in the range from 5 toll llz. ddn* 
typical signal format consists of one tone p(*r liour, with the source on coni imioiisly 
for the first r).T minutes and th(*n off for the last •"> minut(*s of the Imur. Sch<‘duling 
constraints oft(*n for(*ed more aid)re\iated formats; most of* tin* hori/oiital array 
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data used here was broadcast at half-hour intervals rather in the full hour format, 
for example. The source has a rated frequency stability of better than one part in 
lO'^; it can therefore be considered to be temporally coherent over the full duration 
of any signal investigated in this thesis. Figure 3-3 provides a plot of source levels 
versus frequency in the range from 5 to 80 Hz for the TRISTEN source. This data 
was extracted from reference [26]. 
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Figure 3-4; .Arrangement of the FR.VNl F?eceiving .Arrays 
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3.5 The FRAM IV Receiving Arrays 

Two receiving arrays were available at the FR/VM camp. A two-dimensional 
horizontal array consisting of 26 elements was deployed through the ice and 
suspended on cables to a depth of 91 m. The net gain to the recording system was 
-159 dB re 1 v//iPa, with a flat frequency response to below 2 Hz. As shown in 
Figure 3-4, the array was deployed in an cross-shaped configuration. Each leg of 
the array had an aperture of about 1 km, with individual elements spaced 
approximately logarithmically from the center. 

The second array was made up of 28 elements and extended vertically into the 
water column to a depth of approximately 1000 m. Since the bottom depth at the 
receiver camp averaged 3800 m, this coverage represents the top 25‘7 of the 
channel. The elements in the array were spaced approximately linearly.' The array 
was located about 30 m to the southwest of the center of the horizontal array, as is 
also indicated on Figure 3-4. The net gain from the water to the recording system 
was -121 dB re 1 v//iPa, with the exception of a few particular hydroi)hones where 
the gain was reduced to -127 dB in order to reduce amplifier .saturation. The 
frequency response was flat above 6 llz. A 500 lb weight was hung from the bottom 
of the array to stabilize it against current action. 

Both arrays suffered to varying degrees from two related probhuns endemic to 
suspended sensor systems, sensor displacement and strum. Sensor disitlacemeiit is 
the offset of a particular hydrophone from its nominal position caused by current 
drag on the hydrophone and its support cable. Since onh the position at which th(> 
sensor is deployed though the ice is known, such dis])laccnients translate into |diase 
errors in the beamforming process. Simple dela\ -atid-simi beandorming theory 
indieates that sensor di>placemeiits become significant when they bt>gin to reach 
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magnitudes of approximately one quarter wavelength; the problem obviously gets 
more severe with increasing frequency or more sophisticated beamforming 
algorithms. Modal decompositions may be even more affected than other techniques 
when, as for the vertical array, the errors occur across the array in a consistent 
fashion, causing the array to become tilted. This sensitivity is investigated in detail 
in Chapter 6. Time varying sensor displacements are possible due both to 
variations in the environmental conditions and possible pendulum oscillations of the 
sensors. As discussed below and in Chapter 7, however, the time variations of 
sensor displacements observed in the data appear to be relatively small when 
compared to the static offsets. 

Strum is the vibration of the suspension cable of a sensor due to vortices shed 
by the surrounding current flow. This vibration causes slight oscillations in the 
sensor depth; since the ambient pressure is a function of depth, these depth 
excursions cause pressure field variations to which the sensor then responds. As 
opposed to sensor displacement, which occurs on time scales so large that it^ 
primary effect is a phase modulation of the rect'ived signal, strum energy is 
concentrated at the lowest frequencies of the acoustic domain, and forms an 
additive noise source from which the true signal must then be separated. 
Strumming action generally a])pears to consist of n fundamental frequency and a 
number of strong harmonics. These harmonics typically occupy the fretiuency range 
below 10 Hz for horizontal array sensors; significant harmonics can be found at 
frequencies as high as 30 Hz during severe episodes, however. Because different 
horizontal hydrophones exhibit varying strum patterns, spatial proc(‘ssing 
discriminates well against strum energy. The greater effective di.imeter of its 
support cabl(‘ causes strum effects for the vertical arra\ to occiip\ ;i lower fre<|uene\ 
r.ange; strum energy .alxive 10 Hz is rarely observed in vertic.il array dat.a. ni.iking it 
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miich less of a problem than for the horizontal array. These observations agian* 
with strum frequency predictions based on the Strouhal number, which yield 
expected strum frequencies of 28.5 Hz for the horizontal array and 5.1 Hz for the 
vertical array for an upper limit current of 0.8 kt [61]. Cable diameters of 0.125 in 
for the horizontal array elements and 0.7 in for the vertical array are assumed in 
these calculations. 

3.6 The Effects of Hydrophone Sensitivity Mismatches 

An important difference between the horizontal and vertical arrays iuvolv(‘s 
the effect of variations in hydrophone sensitivity and amplification gain across the 
arrays. For a horizontal array of reasonable aperture, the signal received at each 
sensor is a time shifted replica of that found at other hydrophones, as is 
demonstrated in Figure 1-1. This assumption is often used in horizontal array 
beamforming to eliminate variations in the receiver hardware by artificial 
normalization of each time series before beamforniing. This can be done because a 
horizontal array uses the signal phase rather than its amplitude to develop spatial 
information. 

Since a vertical array sami)les the nuxlal structure of the chaiiiud, liow(‘\'(a*. 
signal amplitude variations between different hydroi)hones are l)olh (*\p(‘cl{‘(l and 
desired; a normalization scheme as might be used on a horizontal arra\ is no longtu* 
applicable. Thus, the nature of the data and the processing make hardware 

uniformity between channels a much more important issue for VfU’tical arrays than 
for horizontal arrays. No indication of this type of ])robh‘ni is scam anywluna' in tlu‘ 
FRAM 1\ data set; none the h*ss, the issue must be carefully cousidfuaul uln‘iu‘\(M* 
one is dealing with data tak(‘U from V(M*tical arrays. 



I 
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3.7 Sensor Displacement Predictions for the Horizontal and Vertical 
Arrays 

In general, the effect of sensor displacement on the horizontal array is 
significantly less severe than its effect on the vertical array. This is to be expected, 
because the vertical array extends approximately ten times deeper into the water 
column than the horizontal array sensors; the longer scope then makes it more 
sensitive to current effects. The purpose of this section is to investigate the 
significance of the sensor displacements likely to be encountered in practice for both 
horizontal and vertical array sensors. As the purpc>se is not to make precise 
quantitative predictions, but rather to provide some feel for when sensor 
displacements must be considered and when they might be safely ignored, some very 
■simple hydrodynamic approximations suffice. 

The actual sensor displacement is the primary parameter of interest for a 
horizontal array sensor. For the vertical array, however, things are somewhat more 
complicated, as many sensors are suspended from the same cable. Obviously, the 
maximum sensor displacement achieved is importatit; this displaccmi'iit will 
generally be found at the deepest semsor in the array, although more complicated 
geometries are possible. Additionally, however, the distribution of displacetnetit 
along the vertical array is significant. One simple way of parameterizing this 
distribution is by some type of tilt angle, representitig the slope of .some tiotiotial 
line with which one has replaced the actual array shape. Several diflVretit tilt aitgle 
definitions are possible. The one used here is simply the angle made with the 
vertical by a line drawn through tin* array anchor jtoitit at tlu' surface and the 
bottom sen.sor. A more rigorous definitioti is introduced in fha|)ter 6. where the 
justification for such an apiuo.xitnat ion is discu.sst-d. A similar i).irameter of intei(‘st 
for I)oth horizontal and vertical arrays is tiu' s|op(> of the sus|j(>iision e.Mble at the 
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surface, since it provides a check against field experience. 

The sensor displacement problem may be modeled in a very simple fashion by 
assuming the sensor suspension cable to be a uniform line of length // with one end 
fixed to the ice at the origin and the other end attached to a concentrated mass of 
weight W that represents the weight normally deployed at the end of the cable for 
current stabilization. This model is applicable for both the horizontal and vertical 
arrays, with one difference: for the vertical array, the mass of the line must be 
considered, whereas for the horizontal array it is negligible. Let w be this weight 
per unit length of the cable. To keep the hydrodynamics simple, the line is a^^lIlned 
to have a uniform diameter d, and the current t'is assumed to be constant in d(‘pth. 
The first assumption is not strictly correct for the vertical array, since the actual 
arrangement of the support cable and the electrical connections from the 
hydrophones to the surface is rather complicated: this is compensated for by using 
some type of effective diameter over the length of the cable. Similarly, basic 
oceanography indicates that the second assumption is not very realistic either. 
However, both of these assumptions will tnore often cause the displaetuneut 
estimates at the deepest sensors to be too large rather than too stnall. A seeotidary 
issue involves the three-dimensional nature of the array shape, which is not reflected 
by the constant current assumption. This problem is not serious, however. I)ecause 
in the sequel it is not the actual array shape that is important, but (july its 
projection in the vertical plane of propagation. 

.Assuming a steady state situation, the primary effect of the cuiTent is to 
I)rovi(le a constant horizotital drag force per unit length / on the litie atui a tot.il 
drag force /-’on the concentrated mass suspended from it. The dr.ag forei* per tinit 
length of line is estimated from t wo-ditneiisiotial Reytiolds nntnber theory |(il] to be 



-63- 



/ = 



pV-d 

0 



(3.1) 



where p is the density of water and is a two-dimensional drag coefficient that is 
a function of the Reynolds number 







Here. i> is the kinematic viscosity of water. A similar but somewhat less reliable 
estimate may be made for F. 

Given estimates for the two drag forces, one can then s(dve the resulting 
statics problem for the shape of the line as a function of depth in a straightforward 
manner. The solution is 

r(.r) = a[- - 6 In (l - c/c)] , (3.3) 



where 




w 



and 



F U 

I 



w ’ 



c 




+ //. 



(3..a) 



(3.6) 



For the vertical array, // is assumed to be 060 tti, atul tr atul U'tuay be takett to be 
17.8 N/tn (1 Ib/m) and 222-1 N (.300 lb), respectively. I’sittg an effective cable 
diatneler of 0.7 iti atul a currettt of 0.8 kt (a naisotiable iti)per lititil for the spc'cd of 
ice tnovetnettt observed iti the .Arctic), the drag forces / attd Fare cNlitttalcd to be 
1..') .\/ttt attd 10. .3 .\. respectively. These iittttd)ers give valites of 0.087 for a. -llx tti 
for b. attd 1083 tu for r. 
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Figure 3-5: Two Models for the FHAM \'ertie;il Army Slinpe 
(second model tak(>n from [So]) 

[Note different depth ami offset scab's. ] 
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Equation (3.3) is plotted as a function of depth in Figure 3-5 for the values 
just discussed. The results of a more sophisticated model developed at the Naval 
Research Laboratory (NRL) [85] are also shown for comparison. The two models 
agree quite well in the first 600 m, and then diverge slowly after that. A maximum 
difference of about 10 m between the two predictions occurs at the bottom of the 
array. Several different factors probably contribute to the difference between the 
two models, but the most important is the assumption of a current that is constant 
with depth made in the simpler model. 

As shown in Figure 3-5, the sensor displacements indicated for the lowest 
hydrophones are in the 50 to 60 m range, making them a significant fraction of a 
wavelength at even the lowest frequencies of interest. The array tilt as measured 
from the anchor point at the surface to the bottom sensor is 3.6 ; the slope of the 
array at the surface is 5.0°, which agrees well with field experience, in which slopes 
of no more than about 5 or 6° have been observed. The equivalent values for the 
NRL model are 3.0° and 3.8°, respectively. These results are in general agreenuuit 
with other field tests carried out by NRL in the Arctic for the same array [60], It is 
important to note that the magnitude of the tilt angle is fundanientally pro[)orl ional 
to the square of the current L. 

The same apirroach outlined above can be used for the horizontal array 
sensors. In this case the weight of the cable w is negligible, and the resultant shape 
of the line takes on a somewhat simpler parabolic form 

'■(--) = j^.|e+/(H---/-’)b (-oi 

For a horizontal array hydropliono, // is 01 ni and 11^ may bo tak^ai to h(‘ Idd, 1 \ 
(do lb). For a cable dianuaer of 0.125 in and a curiaait of O.S kt, tin* drag; force's / 
and F are* coiii|)uteMl to be 0.277 X/ni and l.()S8 N, r(‘S|)(H-t i\ <‘ly . Tlu'se^ numbers 
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yield an offset of about 10 m, which corresponds to a quarter wavelengtli at roughly 
35 Hz, and a cable slope at the surface of 11.4°. These results agree with with 
operational experience, which indicates that beaniforining degradations are first 
noticable in the 30 to 40 Hz frequency band. 

Several conclusions can be drawn from this section. The most important is 
that sensor displacements for the horizontal array can be expected to be negligible 
below about 30 Hz, while those of the vertical array can never be totally ignored. 
Additionally, typical offsets for the vertical array can be expected to be about five 
times those of the horizontal array, primarily due to the much longer array scope. 
Finally, the angle that the vertical array makes with the true vertical can be 
expected to be limited to a range of about 5° based on the range of currents likely 
to be encountered in the central Arctic. All of these observations are of importance 
in Chapter 6, where the problem of vertical array tilt is examined in detail. 

3.8 The FRAM IV Data Acquisition System 

The recording system is illustrated in Figure 3-6. It consisted of a 
minicomputer-based digital data acqtiisition and storage system. Twenty-four 
channels of information, each sampled at 250 Hz. were digitized simultaneously; the 
resulting digital data were then stored on specially formatted 1600 DPI magn<‘tic 
tapes. An analog filter with a roll off of 48 dPi/octave above the corner freipiency 
of 80 Hz prevented aliasing, and a floating point conversion scheme pres(>rved the 
required dynamic range. The well matched |)hase resixiiises of tlu> various chanuels 
preserved the signal phase synchronization required for beamformiiig. The input to 
each of the 21 channels was selectable via a i>atch panel. S(‘\cral diffenuit sensors 
sets wer'“ recorded during the course of the c\]>eriment. I'lirther technical det.iiF of 
the recording system can be found in Prada. et al. [71]. 
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(26) 

-159 dB 



(28) 

-187 dB 



re Iv/uPa 



re Iv/uPa 



Figure 3-6: The FRAM Digital FR'corcliiig System 



The FRAM acoustic data is classified according to the array conl'igiiral ion 
(i.e., tlie sensor set) being recorded when the data was acciuired. Two major types 
of array configurations exist. The data taken from 6 to 8 April were recorded fia^m 
only horizontal array hydrophones. Over this period minor variations were made in 
the exact hydrophone set recorded, resulting in slightly different array 
configurat i(jus for different signals. These variations are not significant ulieii 
considered in terms of theoretical array performance, however. 'Fhe data taken 
from H) to It) .\pril wa^ recorded from a mixture of horizontal and vertical arr.iy 
hy dro|dioiies. d'lie detaiF of the sensor set chosen for this configuration .are 
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provided in Table 3-III. Of the most interest here are the last eighteen ehnnnels, 
which were used to record selected hydrophones of the vertical array; the depths of 
the sensors recorded are included in Table 3-III. In processing the data taken from 



this vertical array configuration, only these channels have been used, so that an 
eighteen element fully vertical array has been effectively synthesized. This has been 
done to allow assessment of the operational utility of a true vertical array. 



Channel 

1 

2 

3 

4 

5 

6 



Description 

Horizontal array center phone 
Horizontal array northernmost phone 
Horizontal array southernmost phone 
Horizontal array easternmost phone 
Horizontal array westernmost phone 
Ceophone 



i 


Vertical 


array 


phone 


at 


960 


m 


8 


Vertical 


array 


phone 


at 


860 


m 


9 


Wrtical 


array 


phone 


at 


782 


m 


10 


Vertical 


array 


phone 


at 


690 


m 


11 


Vertical 


array 


phone 


at 


630 


m 


12 


Vertical 


array 


phone 


at 


570 


m 


13 


Vertical 


array 


phone 


at 


510 


m 


14 


Vertical 


array 


phone 


at 


450 


m 


15 


Wrtical 


array 


phone 


at 


390 


m 


16 


\'ertical 


array 


phone 


at 


350 


m 


17 


Wrtical 


array 


phone 


at 


330 


m 


18 


Wrtical 


array 


phf)ne 


at 


270 


m 


19* 


V'ertical 


array 


phone 


at 


210 


111 


20* 


\'ertical 


array 


phone 


at 


180 


111 


21 


Wrtical 


array 


phone 


at 


1 10 


111 


22 


\’ertical 


array 


phone 


at 


90 


111 


23 


Wrtical 


array 


phone 


at 


60 


111 


24 


Wrtical 


array 


phone 


at 


30 


111 



These hydrophones had net gain to recording system of 
-127 dB rather than the nominal -121 <1B (re 1 //Pa/v). 



Table 3-III: The FR.\.\I 1\ \ ertical .\rray IC'cording ( 'onfigiirai ion 
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3.9 Details of the Vertical Array Data Set 

The objectives of this thesis make the data recorded from the vertical array of 
primary interest. The available data set consists of tonals at fourteen different 
frequencies between 5 and 71 Hz recorded from 16 to 19 April. These are listed in 
Table -S-FV. Many of the frequencies were broadcast several times over the course 
of the four days; only the longest representative data segment at each frequency has 
been chosen for analysis here. The three lowest frequencies were never detected in 
either the vertical array data set or the more extensive horizontal array data set. 
This is most likely due to insufficient signal to noise ratios at these frecpiencies. Not 
only does the source exhibit significantly lower signal h'vels below 1-') Hz (as shown 
in Figure 3-3), but, in addition, Arctic ambient noise tends to increase with 
decreasing frequency in this band [32]. 



F reqiiencv 



Time Date Duration 



5.00 Hz 

10.00 Hz 

1 1.75 Hz 

15.00 Hz 

17.75 Hz 

20.00 Hz 

23.50 Hz 

30.00 Hz 

35.25 Hz 

35.50 Hz 
•17.00 Hz 

53.25 Hz 

55.00 Hz 



0310 19 Apr 82 10 min 

1 130 16 .\pr 82 55 min 

0225 19 Apr 82 35 min 

0330 18 ,‘\pr 82 55 min 

0320 19 Apr 82 10 min 

0 130 18 Apr 82 55 min 

1030 17 .Apr 82 55 min 

1830 17 Apr 82 55 min 

0930 17 Apr 82 55 min 

1130 17 Apr 82 55 min 

1530 17 .Apr 82 55 min 



Not Detected 
Not Detected 
Not Detected 



>.i mm 



71.00 Hz 



Table 3-IV: The FH.-VM I\' \'ertical ,\rrav Data Set 
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3.10 Details of the Horizontal Array Data Set 



To confirm the results generated from tl>e vertical array data set, a smaller 
number of tonal signals selected from the more extensive horizontal array data set 
have also been analyzed. The particular segments chosen are listed in Table 3-\". 
In general, the frequencies taken from the horizontal array have been chosen to 
closely match those available in the vertical array data set. Several of the segments 
are rather short, making them inappropriate for use in investigating long term 
signal stability issues; none the less, they are still valuable for comparing received 
signal levels with those of the vertical array. 



Freqiiencv 


Time 


Date 


Duration 


15.00 Hz 


2330 


7 Apr 82 


30 min 


17.75 Hz 


1800 


7 Apr 82 


30 min 


23.50 Hz 


1830 


7 Apr 82 


30 min 


27.00 Hz 


1530 


8 Apr 82 


30 min 


35.25 Hz 


1030 


7 .Apr 82 


30 min 


47.00 Hz 


2030 


7 .Apr 82 


13 min 


53.25 Hz 


2000 


7 .Apr 82 


8 min 


70.00 Hz 


1800 


6 .Apr 82 


30 min 



Table 3-V; The FR.\.M I\' Horizontal Array Data Set 



3.11 Preprocessing of the Data 

The extensive nature of the data set (the signal set exceeds 1500 .Mbytes of 
data as reconled in the field) makes analysis of the data in a raw form impractical. 
The preprocessing scheme shown in Figure 3-7 has therefore lH>en dev(‘lo|)ed to filter 
and compress the data set to a tractal)le size, d'lie field d.ata for e.adi ^enM)r 
(sampletl at ‘J50 llz) is initially demodulated and low |>ass filtered to pro<lu<-i‘ a 
com|>lex time s(>ries of th<> sign.il amplitiule and phase. For reasons of effieieiic\ and 
phase stability, the demodulation is imphunented in tlm fre(|n(‘iicv doin.ain. tlirciigb 
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Figure 3-7: The Preprocessing Scheme 



the use of bin slilfts in the Fh"T of the data. Tliis approacli has the disadvantage 
that nominal signal frequency can not be achieved exactly; the 8H12 point length <>f 
the FFT used provides resolution only to within ±15 mHz of the desired frequency. 
The need to generate quadrature sinusoids with adequate phase staltilily over the 
signal durations involved is avoided, however; a typical signal of one hour in length 
spans about 10'^ cycles. With the frequency domain itnpletnental ion. tlbr- ph.ise 
stability is controlled only by the freciuency stability of tlie highly acciiratt/ >ami)|e 
clock. The scheme also increases computational efficiency 1)\ allouing the 
simultaneous implenuuitation of a Parks-Mcf 'lellaii I'lK low pas> lilter [tel] in the 
fre(|ueiicv domain. The amplitmle and phase responses of this .h)t) point filter are 



PHASE AMPLITUDE (DB) 






FREQUENCY RESPONSE - FILE NAME DFILT1 

TYPE BAND PASS FILTER LENGTH J99 FCQ I SO MZ NYO FREQ i25 00 nZ 

20 00 40 00 60 00 80 00 100 00 120 00 





FREOUENO iHZ) 



Figure 3-8: Parks-McClellaii V\R FiltcT Fre(|ueiuy Response 



presented in Figure 3-8, and its characteristics are provided in Tal)le 3-\d. The 
filter is designed to provide as narrow a passband as possible while laUaining 
adecpiate cutoff levels in the rejection band. The filter length is limited by the 
particular F\irks-McClellan algorithm available, which can handle no larger than 
400 point filters. After complex demodulation and low pass filtc^ring, the data is 
then decimated by a factor of 40 (to a 0.23 Ilz sample^ rate); the ldl\ filtiu' 
charact(*ristics guarantee that tin* Ny(|uist criterion is met. 

Following this first stag(* of [irt'processing, an ich’iitical second staga* of 
comph*.\ (h*modulat ion, low i)ass filt(*ring, and deeimation is accomplished. Tin* 
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second stage processing provides further refinement of the demodulation frc<|iM'ii< y 
and a tighter low pass filter, allowing reductions in the number of data i^diits to 
convenient levels. Because of the reduced sampling period at the input to the 
second stage, a demodulation frequency resolution of better than 1 mHz can now be 
achieved. The FIR filter of Figure 3-8 is again applied, this time resulting in a 
passband of 12.5 mHz (compared to the -500 mHz bandwidth available in the first 



stage). Finally, the data is once more decimated, this time by a factor of 10. 



First Stag;e 

Data Sample Rate: 250 Hz 

Passband: 0 - 250 mHz 

Passband Bandwidth: 500 mHz 

Nominal Pa.ssband Gain: 1.0 

Passband Ripple: 0.35 dB 

Transition Band: 250 - 1500 mHz 

Pass plus Transition Bandwidth: 3.0 Hz 

Nominal Stopband Gain: 0.0 

Stopband Kipple: -47.75 dB 



Second Stage 
0.25 Hz 
0 - 6.25 mHz 
12.5 mHz 
1.0 

0.35 dB 

6.25 - 37.5 mHz 
75 mHz 



0.0 

-47.75 (IB 



Table 3- VI: FIR Filter Characteristics 



Both stages of the preprocessing described above have been carried out on all 
24 channels of data simultaneously, resulting in preprocessed complex time series 
that are demodulated to within 1 mHz of the nominal signal frequency and then 
very closely filtered around that frequency. The final sample frequency is 0.()2-5 Hz 
(equivalent to a sample period of 1.6 sec), providing approximately 2000 data i)oints 
per channel for a signal of 55 minute duration. As the correlation length of the 
second stage low pass filter is about 20 post-decimated points, these 2000 points 
represent roughly 100 independent (h>grees of freedom. Further details of the digital 
signal processing involved can be found in referiMici' [t>8]. 
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hor scale: 200 sec / lick vert scale: 4 dB / lick 




Figure 3-9: Prt'proccssing Output Time Surir> - \ i‘rtir:il Arr:i\ 
Sensor Nhignit tides :it 17.00 11/ (p:i'i 1 of ‘-’I 
[180 ;ind 210 ill tr:iC('S plotted (i dl5 lo\vt>r tluiii other tr.iet's.] 
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hor scale: 200 sec / tick vert scale: 4 dB / tick 




Figure 3-9: IVei)roco.'>siiig Output Time Seri(>^- \ ertical Array 
Sensor Magiiitiides at 17.00 llz (part •_* ol' •_’) 
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3.12 An Analysis of the Preprocessed Data 

A great deal of insight can be gained just by studying the preprocessed 
complex time series of the various vertical array channels. Figure 3-9 displays the 
log magnitude of the these time series for the 47 Hz tone from the the vertical array 
data set, while Figure 3-10 shows the corresponding phase traces for the same 
signal. Data from all eighteen vertical array sensors are included; the depths of the 
various sensors are indicated on the left. A 40 dB per inch scale is used on the log 
magnitude plots; the phase plots cover the range from -tt to z and display only the 
principal value of the phase. The time axis spans a range of 6) minutes (3900 .s(*c). 
The data displayed here in Figure 3-9 and subsequently in 3-11 are !x)th 
uncorrected for the hydrophone sensitivity, making the amplitude levels only 
relative. In Chapter 7, where the data set is studied in much more detail, all 
amplitude levels presented are absolute and referenced to 1 //Pa. Note that fur the 
present displays, the decreased sensitivities of the vertical array hydrophones 
located at 180 and 210 m cause their levels to appear 6 dB lower than they actually 
are. 

The signal begins to be seen about 400 .seconds into the trace and has the 
expected duration of 3300 seconds, ending just before the end of of the trace, it is 
easily distinguished on most of the channels; signal to noi.se ratios of about 30 dB (in 
the 12,0 mHz bandwidth of the final preprocessing filter) are typically observed in 
the log magnitude traces. The general slope of the phase tract's is dm* to residii.il 
mismatch between the received frequency and the demodulator frequ/'iicy. Tin* 
negative value of the slope indicates that the demodulation fretiueiicy is greater 
than the received frequency, while the magnitude of the slo|)e is about I cych' per 
hour, corrt'sponding to a misinatcli of 0.3 mHz. OI this I'rror. 0.1 mllz is due to the 
difference between the actual demodulator fretiucMcy .•iiid tin' iiomin.d 
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Figure 3-10: l^r(‘[)^()('e^^^ing Output 1 imu - \ urtical Arruv 

S(‘nM>r ^llas(‘^ at 17.00 \ \z (p:irt 1 of ‘J) 



hor scale: 200 sec / tick 



vert scale: 45 * / lick 
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Figure 3-10: Prei)r()(*e>^ing Out|)Ut Tiinr S(Ti<‘s- W'rtical Array 
Seii.sor PliaM‘> at 17.00 llz (pari 2 of 2) 
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frequency. The remaining 0.2 mHz is attributed to a small amount of Doppler shift 
caused by source-receiver motion, and corresponds to a relative opening range' rate 
of about .01 kt. The size of this result agrees well with the ice drift speeds 
experienced at the FR\M camp [78] (no drift speeds were available for the 
TRISTEN camp). The slight change in phase slope towards the end of the signal 
indicates that the drift rates were not constant over the full duration of the signal. 

In general, the temporal stability of both the log magnitude traces and the 
phase traces is exceptional. What variations do exist may be broken into short t('rin 
fluctuations that have time scales of minutes, and longer term fluctuations on tlu' 
order of tens of minutes. That no signifi'^-ant fluctuations exist with tiiiu' scab's of 
seconds or smaller is evidenced by the demonstrated ability tv) coherently |)roc('ss 
the data in a 12.5 mHz bandwidth without loss of signal power or phase consist(*ncy. 
The short term fluctuations are almost completely negligible on traces of ade(|iiate 
signal to noise ratio, and generally become more pronounced on both types of traces 
as the SXR decreases. This supports the supposition that the short term 
fluctuations are probably due to l)ackground noise, since the other two likel\ caiis<*s, 
temporal chaniu'l variations and array movement, would not be ex])ecte(l to show a^ 
much d(q)endence on SXR. The cause of the longer t('rm variations, particularly 
those in the log magnitude traces, is nn^re |)roblematic. One example is the (b*('p 
fade exhibited on the 90 m h\'drophone over the last third of the signal: olln'r 
examples of smaller fades can be seen throughout the data. The caus(* of tli("^(' is 
not W('ll understoc>d. They are probably most attributable to channel \arialioiis 
over time, which can be generat('d in two ways: bv actual tc'inporal variation^ in tlu' 
])hysical structure of the chaniH'l, and by variations in sourre-rt'ca'iver range dm* to 
relative' ic(' drift. It is possil)h' that at h'ast soim* of tlu'se variations are' re'late'd to 
longe'r t('rm array movement caused l)y \ariatioiis in the ('fb'ctive curr<‘iit incid<‘iit 




J 

I 
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on the array. The change in the signal Doppler noted above is one indication that 
this current might not be constant over the full duration of the signal. Navigation 
data also indicates some changes in drift velocity over the length of the 
transmission. Theoretically, however, it is difficult to justify the signal level 
variations observed from just small changes in sensor offset. 

While the general quality of both sets of traces is e.xcellent, some noticable 
exceptions occur. One example is the pair of hydrophones at 3.30 and 3.'i0 m. As 
above, the poor quality of these traces appears to be caused by the abnormally low 
signal to noise ratios exhibited on these hydrophones. After a study of all the data, 
it is difficult to support the hypothesis that these low received signal levels are, 
caused by instrumentation problems. First, just the evidence of coherent (if noisy) 
phase traces with the proper average phase ramp indicates that these sensors are at 
least partially responding to the actual acoustic signal. Additionally, the channeis 
exhibiting low' signal levels tend to be closely grouped in depth, as seen here. 
Finally, the particular groups of low SNR sen.sors are fre(|uency dependent: th.il is. 
the particular hydrophones exhibiting low signal levels change when the fr('<|iiency 
being transmitted changes. As an example, consider the log magnitude trace's 
exhibited in Figure .3-11 and the associated phase traces illustrated in Figure .3-12. 
These are identical in format to the data displayed in Figures .3-0 and .3-10. 
including the channels displayed, but are for the 17.7-3 llz signal from the vertical 
array data set. Here it is the very lowest sensors in the water column, the two at 
870 and 000 m, which display the lack of signal to noise ratio. One must then 
conclude that these low SNR channels actually represent nulls in the vertical 
structure of the signal field, caused either by nulls in some dominant mode shape or 
by the coherent interference of multiple modes that might be |)r(*seut. 

The hitter hypothesis is strongly siqiported by another observation that can lx* 
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Figure 3-11: Pr(>i)roc('>sing Output Tinu' Scrips - \ortic:il Array 
S(“n>or Magiiit iich's at 17.7a Ilz (part I of 2) 

[180 and 210 m traces i)iottcd G dll lowrr than otli<>r traces.] 
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hor scale: 200 sec / tick Tcrt scale; 4 dB / lick 




Figure 3-11: Preprocessiog Output Time Series- Vertical Array 
Sensor Magnitudes at 17.75 Hz (part 2 of 2) 
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made from this raw data. If a single dominant mode were present and the array 
were truly vertical, then all the phase traces would exhibit either identical ab.solute 
phase, or would be shifted by n after going through a null. An easy way to judge 
the relationship of the absolute phase between sensors is to note the point at which 
phase wrap around occurs; for two channels to have identical absolute phase, the 
wrap around must occur at the same point in the trace. The phase traces displayed 
in Figure 3-10 most certainly do not exhibit either identical absolute phase or /t 
phase shifts; moreover, it is very difficult to explain the phase shifts exhibited in 
terms of array tilt away from the vertical. In order to explain the shifts of just the 
top three channels, (those at 30, 00 and 00 m) in terms of array tilt, it is necessary 
to assume that the local slope of the array near the surface is about 7.5 in the 
plane of propagation, about double the value shown in Figure 3-5 and well outside 
the range of reasonable array tilts. Therefore, it is rea.sonable to assume that the 
data displayed in Figures 3-9 and 3-10 include a number of rea.sonably coherent 
interfering modes. 

For comparison, consider the data displayed in Figur(>s 3- II and 3-rJ, which, 
as mentioned earlier, is the output of the preprocessing for the vertical array data 
taken at 17.75 Hz. Although the data at first glance is similar to the 17 Hz d.ita 
just presented, a closer inspection reveals some very interc'sting differences. 1 irst, 
notice tlu' presence of two strong events, one just before the start of the signal and 
the other about 000 seconds later. These are known to be blasts from an airgun 
that was deployed near the FITAM ice camp. Note that the signal phase tracks 
through the second blast in a rea.sonable fashion. In general, the signal to noise 
ratio is slightly lower than that encoiint(‘red earlier, and the short term variations, 
p:irticularl\ those of tlu* i)hase traci-s, refh'ct tlu' incre.ised relatisc noise le\el. d'he 
fr(>(|U(>ney mismatch with the demodulator is somewhat higlier (about 1.1 mllz) but 
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is still well within both the bandwidth of the filter and the range of reasonable 
Doppler shifts for source-receiver motion. Additionally, the Doppler shift appears to 
be more constant over the signal duration than that observed previously. 

The most important difference between the two sets of data, however, is the 
way the absolute phases align in Figure 3-12. This is a good example of the 
absolute phase alignment discussed above, leading to the conclusion that a single 
mode dominates the vertical structure of the signal at this frequency. Here, the 
dominant mode must be the first, since no /t phase shifts (corresponding to sign 
changes in the mode shape) are observed down the array. Anticipating the reMilts 
of Chapter 4, the relative levels of the log magnitude plots as a function of depth 
also indicate a dominant first mode, particularly the low SXR levels of the bottom 
sensors in the water column (the 870 m and 960 m traces); the significant extent of 
the first mode at 17.75 Hz is only about 800 m. Note that the traces for the 
hydrophones at 180 and 210 m are offset by 6 dB from the remaining traces, due to 
their different sensitivities (as indicated in Table 3-III). 

The two sets of traces just presented are representative of the outputs of the 
preprocessing for both the horizontal and vertical array data sets. For all the 
signals detected, signal to noise ratios fall in the 15 to 40 d£l range for the final 
filter bandwidth of 12.5 mHz, and both stable log magnitude and phase traces are 
observed. The short term variations (those on the order of minutes) on both typ(> of 
traces appear to be related to background noise corruption, since their size appears 
to vary as the SNR observed at the hydrophone varies. Some longer term sign.il 
variations on scales of tens of minutes are olxserved; while their cause is not well 
understood, it is possible that array movement is partially respoiisilile. although it is 
unlikely that this is the sole cause, d'his h'ads to the conclusion that the xcrtical 
array may be consi<l(>re<l stationary for periods of up to 10 or 20 minutes; ii (•.an 
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probably .not be considered constant over periods of an hour or longer, thongh. 

3.13 Summary 

The FRAM FV'’ Arctic Acoustic Experiment has been summarized, including 
descriptions of the general locale and arrangement, the scientific objectives, the 
equipment used, and the data set of interest in this thesis. The data presented here 
consists of a rich set of tonals in the frequency range from -5 to 71 Hz. Thest* were 
broadcast from the low frequency source deployed at the TRISTRX ice camp, and 
then propagated roughly 2.50 km to the main FR.A.M ice camp. Here, they were 
received on both of the available sensor arrays, and were recorded in a digital 
format on a 21 channel acquisition system. 

The nature of the two arrays has been discu.ssed in some detail, providing 
some insight from an engineering viewpoint into the non-ideal a.sj)ects of vertical 
arrays versus those of horizontal arrays. In general, it may be said that the process 
of designing and implementing a good vertical array is much more demanding than 
the equivalent development of a horizontal array. In investigating some of the 
l)ossible difficulties, useful estimates of their various magnitinh's for the FR.WI 
arrays have been made. In particular, maximum sen.sor offsets of about 10 m and 
50 m can be expected for the FR.\.\1 IN’ horizontal and vertical arrays, respect i\ ely. 
For the vertical array, this corresponds to tilt angles of .somewhat less than 5 . 

.*\ detailed description of the preprocessing scheme used to compress the data 
set fr(jm more than 1500 Mbytes to a workable size has l)een provided, d'his scheme 
involves two stages, each consisting of <|uadrature demodulation, filtering with ;i 
very narrow I'lR low j)ass filt(>r, and decimation, d’he output time series la'suliing 
from tli(‘ pr('proc(‘ssing scheme have been demodulated to within 1 mil/ of the 
nominal sign.al fre(|ueucy, filtered in a bandwidth of 12.5 mHz. and d(‘cimaled to .a 
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sample period of 1.6 sec. The last filter in the process provides a correlal ioti length 
of about 20 post-decimated points, leaving appro.xiniately 100 degrees of freedom in 
a typical 55 minute signal. 

Two examples of the preprocessing output for the vertical array have been 
presented and analyzed. Signal to noise ratios of from 15 to 40 dB are typical in 
the data set, due to the very narrow filtering of the data. The high SNR leads to 
nearly ideal log magnitude and phase traces. The demonstrated ability to 
coherently process the data in the very narrow bandwidth employed without loss of 
signal power or phase continuity indicates that no significant variations exist with 
time scales of less than about one minute. Short term fluctuations of one minute 
order seen in these traces are clearly a function of SNR, indicating that they are 
probably noise related. Longer term signal variations with periods of l(>iis of 
minutes are observed; their cause is not well understood. Some, although not all, 
are likely due to array motion, .v more important cause of these variations is 
probably changes in source-receiver range over time due to relative drift between 
ice at the two locations. All the observed phase ratnps are withiti the ratigf* of 
Doppler shifts that reasonable values of source-receiver motion would i)foditce. 

The absolitte phase alignment down the setisors of the vertical array |)fovide a 
great deal of insight into the tttiderlying tnodal stntctitre. For the 17 Hz dal, a of 
Figures 3-9 and 3-10, this phase alignment implies a number of significant modes 
probably interfering coherently, since nulls in the vertical structure of llu' field are 
visible. For the 17.75 Hz data of Figure 3-11 and 3-12, however, a single modi', the 
first, ap])ear,s to dominate the vertical structure. .\ study of the palti'rii of recei\ed 
amplitudes versus depth for the 17.75 Hz data siipixirls the same eoncliisioii. 
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Chapter 4 

The Modal Structure of the Arctic 
Sound Channel 

The purpose of this chapter is to characterize the aspects of the central Arctic 
environment that impact the propagation of sound: to utilize that charactiTization 
to study the modal structure of the channel in which the FR.AAI I\" experiment was 
conducted; and to examine the interaction between the modes and the source and 
receiver geometries present during the experiimmt. These results are diia‘ctl\ 
needed for the work that follows, but also allow some more general observations to 
be made. Typically, such a study would be employed only in the interpretation and 
modeling phases of an experiment. In the present effort, however, the modal 
decomposition techniques to be developed all require both the shapes and tli(‘ 
associated horizontal phase speeds of the significant modes to be known a priori. 
Prediction of the channers modes thus assumes a more important role h(U*(\ that of 
a necessary preliminary to the beamforming imphmient at ion. 

The requirement for ])rior knowledge of the local modal structuia' has 
important theoretical and practical conseciuences. Among the most significant is 
that a whole range of modeling and prediction issues now have a direct ini|)act on 
the performance of the beamformer. FTom a theoretical view])oint, (piestions of 
processing performance become (hq)end(‘nt upon the assuni|)t ions inad(‘ about 1 lu‘ 
environimuit in which the array is deployed. M( re i)ractical issiu's inelmb' tin* 
adecjuate in situ im^asuriMiKuit of the local sound sp‘*(‘d profih* and nnUliods for 
estimating otluT needed environmental i)aram(^t(Ts. Te^hirniues for computing tln^ 
mod(‘ shapes and horizontal phase speeds must also be addressiMl. Sinc(‘ this 
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involves solution of the one-dimensional Helmholtz equation (2.7), usually by 
numerical or other approximate methods, the applicabilty, stability, and accuracy of 
the method chosen must be considered. The question of the channel's gro.ss 
temporal stability becomes important since dynamic updates of the modal data may 
be necessary. These issues all affect beamforming performance to the extent that 
they generate mismatches between the assumed and actual modal structures; the 
mismatches then skew the results of the modal decomposition in proportion to their 
severity. 

The starting point for this investigation is a compilation of the environmental 
data necessary to describe the acoustic channel. The most important elemeni is a 
knowledge of the average water column sound speed profile at the receiver; 
additional useful information includes descriptions of the bottom and overhead ice 
cover as well as an understanding of the spatial and temporal variations of the 
channel profile. The method of mode generation to be employed is then discu^^fsl 
and the results of its application to the central .Arctic .sound channel summarized. 
Finally, these results are analyzed so that the imi)act of various environmental 
features on the modal structure can be assessed. 

Coachman and .Aagard [19] provides a good general reference for Arctic 
oceanography. Two works by Chen [15], [lb] provide more detailed discussions of 
-Arctic sound speed profiles directly applicable to the data set of interest. Sotne 
work on the modal structure of the cetitral .Arctic has been dotie previously; for 
comparison with the results shown here, the reader tiiay cotisult Duckworth [2!)] or 
Polcari [b7]. Xo sigtiificant variation of resitlts is foitnd ainotig th(‘ three. Atiother 
good referetice is Kittschale [18], while .\lelleti [5 l] atid 5’atig atid (Jiellis [8 l] lioih 
provide additional discitssioti. 
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Figure 4-1: Soiiiul S|)('o<l Profile of the Water C'oliiiiui 
at t lie Peceiviiig Arrays 




I 



-92- 



4.1 A Representative Sound Speed Profile from the Central Arctic Ocean 

Figure 4-1 indicates the sound speed profile on which the following modal 
calculations are based. The left hand plot shows the detail of the upper 1000 m. 
while the right hand plot shows the complete water column. This profile represents 
the best average estimate of sound speed at the FRA\1 receiver camp during mid- 
April, 1982, and is identical to the profile presented in Polcari [07]. 

As is found throughout the Arctic, the sound s])eed is es.sentially a moiiotonic 
increasing function of depth. Within the uppermost r('gioiis (d<jwn to about l.'d) m). 
the controlling mechanism is not the water temperature, as is typically the cas(> for 
most open ocean areas, but rather the salinity gradient generated by the presence of 
the overhead ice canopy [15|. The variation in salinity provides a change of about -a 
m/sec iii sound speed across the first 100 m. By comparisx)ii, temperature variations 
account for about 1 m/sec of change in this zone. Below the 150 tn i)oint, the 

tem|)erature takes over as the dominant factor, resulting in an almost isovelocity 

profile to roughly 700 m. The deep regions (below 800 m) are |)rimarily pressure 
controlled, as is the case with deep ocean profiles in more temperate climates. 

The net effect of the combination of salinity and temperature variations is to 
produce a very strong surface duct encomi)a.ssing al)out the ui)per 200 m of the 
water column. .-\s will be shown, this surface duct plays a significatit roh* in 
determining both the modal structure of the Arctic channel and tlie nature of the 

propagation there. An average slope of the deeper portion of tlie central .\rctic 

profile (that below 200 m) can be taken as 0.013 (m/sec)/m, not far different from 
the .sound spe(>d pre.ssure dependence of O.OIO (m/sec)/iu. By contrast, tin* mean 
gradient in the surface duct is 0.13 (m/sec)/m. about teti times larger. 

f igure 1-2 det.ails tin* sound spei'd profih" ii''e(| to ni idel the Arctic botloiii. 
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The main features here have been chosen based on the composite profile presented 
in Duckworth and Baggeroer [30|. The bottom is modeled as four layers. A 400 m 

o 

sediment layer of density 2.2 g/cm extends to 4200 m from the a.-<suined bottom 
depth of 3800 m, reaching a sound speed of 2.3 km/sec. Two layers are then used 
to transition at a depth of 5900 m to a soft basement capable of propagating sound. 
The sound speed of this basement is assumed to be 6.0 km/sec, while its density is 

o 

assumed to be 2.9 g/cm . 
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4.2 Temporal and Spatial Sound Speed Variations 

The sound speed profile of the central Arctic has been shown to be unusually 
stable in both time and space [16], This is due to a number of factors, the most 
significant being the geographical nature of the area and the year-round continuous 
ice canopy. The isolation of the central Arctic limits variations due to external 
influences, while the ice cover insulates the ocean below from the solar and wave 
effects found elsewhere. Figure 4-1 can therefore be taken as represc-ntat ive of the 
profile that would be encountered anywhere along the transmission path throughout 
the length of the experiment. Some range variation in the sound speed |)rofile can 
-be expected due to large scale oceanographic featiir»“s such as eddy systems, though. 

Although the water column is spatially well behaved, the same conclusion 
cannot be drawn of the bottom. Figure 4-3 indicates the bathymetry along the 
propagation path, based on charted data (in sihi measurements were not avail.able). 
The TRISTEN sciurce camp was located almost over top of the Mid-Arctic Ridge, 
which is easily identified in the figure from the* central trench structure at a ranga* 
of 40 km. The series of peaks on either side of this trenc h extiuid to the ‘J-dOO m 
depth range. The severe range dependence of the bottom signific.aiit ly affects the 
nature of the* propagation, as has been graphically illustrated by the coinpaiisoii of 
shot data with that taken from earlier experiments [3]. .\tiv mode' that interacts 
significantly with the b c.tom in the rc'gion of the* ridge can bc‘ expected to be 
attenuated to such an extent that its contribution to the total sound field at the 
rc'ceiver would be small; thus, modes having turning points much bedow •JOOO m .are 
probably iu‘gligible for the TRIS1'1].\/FR.\.\1 prop.agation jcath. 
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4.3 The Acoustic Impact of the Ice Cover 

Much of the Arctic’s uniqueness from an acoustic viewpoint is clue to its 
relatively continuous year-round ice canopy. Both ice camps were located well 
within the zone of continuous ice coverage. At times (especially in the late 
summer), significant regions of open water can occur even in the area nominally 
designated as continuously covered. However, this effect is not overly significant 
during the early spring. The assumption of continuous ice cover over tin- full extiuit 
of the propagation path is therefore rc'asonable. 

The influence of the ice canopy on the propagation path is a significant enVci 
which is not yet well understood. An excellent reference that reflects the current 
thought on the subject is a recent memorandum by DiXapoli and Mellen ['io]. 'I'he 
primary effect of the ice cover at low frequencies is to increase the effi'ct’ive 
attenuation coefficient by about two orders of magnitude over values found in open 
water. Prediction of such a loss falls into the general category of rough siirfact* 
scattering. A number of differ(mt models r>f varying com|)le\ity may be .ipplie.ible. 
ranging from a simple rough free surface to a full solid layi-r model, including shi'ar 
wave effects. To date, none of the models inv(>st igated shows acceptable agreement 
with ex|)erimeiital data. The most imi)ortant parameters needed to describe the ice 
canopy are the mean ice draft and the nns roughness, correlation length, and power 
spectrum of the random surface that forms the ice-water interface. 'I'ypical \;ilues 
reported by DiXapoli and Mellen for these parameters are a mean draft of 1 m. with 
an rms roughness of 2 m and a correlation length of ll.S m. Tln'se results art' in 
reasonable agreement with earlier work pul)lishe(l l>y Wadhams [86]. DiXapoli ;ind 
Mellen also i)rovide an analytical fit to the exi>erimentally measured ice-water 
interlace power s|)ectrum. They give the two-dimensional power s|)ectrum .as 
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At (‘2(7/L)" 

= [(2/t)- + ( 2 . i?i)'- 1'- ■ "" 

assuming an isotropic random surface. Here ? is the two-dimensional wavenumber 
vector, a is the rms roughness of the surface, and L is the correlation lengtli. 

In this thesis, the ice canopy is modeled by a rough free surface at the ic(‘- 
water interface, more for simplicity than any other reason. While the roughii(‘ss has 
an important direct effect on modal attenuation, its impact on the gross |)i*o|)(‘rties 
of the modes (the mode shapes and their horizontal phase speeds) is det(‘rniim‘d by 
its effect on the mean channel profile. Within the limits of tin' mochd, the position 
of the mean free surface is displaced by the amount of the mean ice draft (1-m), 
which is probably insignificant when compared to other sources of dei)th error in 
the profile. Ice effects have therefore been ignored in tin* sound s|)(‘ed profih* us(‘d 
to generate the mode parameters. 

4.4 Solutions of the Helmholtz Equation for the Mode Shapes 

To convert the environmental information present(‘d above into mode shap(‘ 
and phase speed data, one must solve the one-dimensional Helmholtz er|iiatioii 
eigenvalue problem (2.7) for the specified sound speed i^rofile at (‘ach desired 
frecpiency. The form of equation (2.7) assumes that all layers, including the 
propagating basement, are fluids; shear wave propagation in the bottom is implicit 1\ 
ignored. In the sequel, it is shown that neither the mode shapes nor their associat(‘d 
horizontal phase speeds are significantly influenced by tln^ l)ottom characteristics. 
Thus, tlu‘ ii(‘gl(‘ct ion of l)ottoin shear effects is a reasonable ap|)ro\imat ion. All 
att(‘iination efb'cts ar<‘ also igiior(‘d here, as tliey do not aflVct tin* sha|)(‘s and pliasi* 
speeds of the modes to any great extcuit. 
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One method for finding the mode shapes and ptiase speeds is to eini)lo\ \hr 
WKB approximation in solving the Helmholtz equation. This approach is 
questionable at the low frequencies of interest here. Another technicpie involves the 
use of propagator matrices, but this method is more applicable to a discretely 
layered channel model than it is to the continously varying profile of Figure 1-1, 
The most accurate method for the present circumstances is a shooting techni(iu(\ 
involving direct numerical integration of equation (2.7). The integration is 
initialized to meet one of the boundary conditions, and the assumed eigenvalue is 
varied until the other boundary condition is met. Layers of varying density can Im? 
accommodated through the proper application of cross-boundary continuity 
conditions (given in Figure 2-1 as the propagating bottom boundary conditions). 
The mode’s horizontal phase speed is recovered from the eigenvalue, while the 
eigenfunction, when properly normalized to meet ecpiation (2.9), yi(‘lds the mod(‘ 
shape. 

The main drawback of this approach is the instal)ility of the numerical 
integration in the evanescent regions of the mode shape. Since equation (2,7) is 
second order, it supports two possible solutions, one (exponentially increasing and 
the other exponentially decreasing in the direction of integration. Numerical (‘rrors 
that excite the increasing solution can quickly dominate tlie desired solution, (‘ven 
though they are insignificant when introduced. Tlie Arctic profile, witli its 
monotonic increasing sound speed, is particularly susceptible to thi> (dfect, since tlu‘ 
mode shapes in this instance typically exhibit extensive evanescent regions. 

To circumvent this problem, a niodifi(Hl int(*gration iiuUhod d(*\(dn|)(‘d by 
Bagg(‘ro(‘r [ l] has Ikhui em|)loyed in g(UUM*ating th(» mod(' shap(‘s |)r('N(‘nt(nl Inuac 
The Ibdmholtz ecpiation is first cast into a state variable form of siM^ond order. 
Tr(‘ating tin* state' variable's as a re'ctaiigular (’arte'sian pair, the problem i^ then 
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transformed to a magnitude/phase pair of equivalent polar coordinate variables. 
The differential equation for the magnitude variable decouples from the equation for 
the phase variable and the boundary conditions take on rather simple forms, so that 
only the first order differential equation for the phase need be solved via shooting to 
obtain the eigenvalue. Then, given the phase solution, the mode shape is recovered 
by integrating for the magnitude and converting back to the original variables. Tin* 
development by Baggeroer includes a series of conclusions about the pro|)er 
directions of integration for numerical stability. This approach has also been 
successfully employed by Duckworth [29]. 

To ensure the greatest possible accuracy, the Baggeroer approach has been 
implemented here with a series of fourth order .\dams-Bashforth |)redi<-tor-corr(‘ctor 
integrators [12|. A depth grid of 5000 points is employed for the integrations, 
providing a sample interval of 1.2 m. The resulting mode shapes have been 
normalized for the pressure field (rather than the velocity potential field) in 
accordance with equation (2.9). As a test of the internal consistency of the 
algorithm, the orthogonality integral of equation (2.8) has been com|)uted for 
different mode pair combinations at several frequencies of interest. d'y|)ical 
integration results are of the order of 10‘\ with the worst errors geiuMally occurring 
either when the pair consists of neighboring modes or when the first mode is oiu* of 
the pair. However, even in these conditions results as large as are obtained 

onlv rarelv. 



- 100 - 



fWO I5 00 Ha ^ i fBCO 23 so H2 ^ i F«€0 30 00 H2 ^ \ FRCO «7 00 MJ ^ ^ fBCO 71 00 H2 

» -ooc . s ^ -OM . s 55 - 00 £ . o 55 -ooc . o 55 -ooc . 

i i i ^ I i i i i 







lOOO. 0 


1000. 0 


' 1000 0 


■ lOOO. 0 




2000 0 


’ 2000. 0 


2000. 0 


2000 0 


■ 2000 0 








o 

n 






X 


' 3000 0 2“ 

X 


I 


X 


3000 0 

X 


> 3000 0 


S 


5 


5 


i 


s 






4000 0 


4000 0 


4000 0 


4000 0 


. 4000 0 




5000 0 


3000. 0 


5000 0 


’ 5000 0 


■ 5000 0 




*000 0 


•000 0 


• 000 0 


• 000 0 


• *000 0 



Figure 4-4: Shape of the First Mode at \'arious Frequencies 



4.5 An Analysis of the FRAM IV Modal Structure 

All modes with turning points above the nominal bottom depth of dSOO m 
have been computed at the freciuencies available in the V(U‘tical array data s(‘t (tin* 
nominal sound speed at 3800 m is 1508 m/sec). Table 1-1 indicates the nuinlxu* of 
modes found at each frequency, as well as the numl)(*r with turning points abo\(‘ 
2500 m; as discusscnl above, the modes cont ril)ut ing significantly to tin* sound fii'ld 
at the receiv(*r are all prol)ably included in this last group. Figur(*s 1-1 through 1-7 
dis|)lay tin* shajH*s of tin* first four mo(h*s at sonn* of tin* freipienrii's for \shi( h data 
is availabh*. Tin* fr(*(iin*nci('s (dios(*n for dis|)lay \S(*re s(‘l(*rt(*d so as to Nj);in tln)^(* 
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Figure 4-5: Shape of the Second Mode at X'ariou^ Fr(‘qiienci(‘s 



freciuencies of interest that are not shown. 

4.5.1 Mode Shape Analysis 

The extent of a particular mode is inversely related to fre(|nency. Higlu'r 
order modes look similar to the fourth, but extend further into the water column 
with a greater number of sign changes. Their geiuTal shape is not far diflVrent from 
that of Airy functions. In all cases, the absolut(‘ maximum of tin* mod(‘ sliaix^ 
occurs in tin' half cych‘ immediately al)ove the mode turning point. 

As l)otli the source and the horizontal reciuviiig arra\ (1(‘|)1 o\(m 1 to n 

d(‘pth of Hi 111, the values of the various nio(b‘ shap(*s tluM’c :\vv of particular 
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Figure 4-6: Shape of the Third Mode at \^arioiis Frequencdes 



interest. Figure d-8 indieatc^s the levels of the mode shapes in ilB at 01 m for the 
first 10 inodes at 15, 30, 17, and 71 Hz. As indicated in Cliapter 2. it is tlu'se hn’els 
which control the distribution of source energy in the various niocU's. Figure 1-S 
shows tliat, at its 01 m deployment deptli, tlie TRISTIFX source drives the tlu‘ first 
mode much l)etter than any other mode. The higher ord(‘r mo(h's, whih^ excited h‘ss 
efficiently than the first, are all driven about equally: morc'over, the lev(d of this 
plateau appears to be insensitive to frecpiency. Tlu» 17 llz curve' is soim'thing of an 
anomaly, in that at this fre'cpu'ncy inoeh's 2 through 0 all exhibit nulls \<‘r\ (dos(‘ to 
th(‘ source* (h'ptli (see* Figure's FI through 1-7): this ace-ounts for tin* uiiu'>uall\ low 
le*\ (‘Is of moeb's 2. 3 and 1. llowe‘ve*r, the' liigln'r orde'r modes at 17 11/ still app(*ar 
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Figure 4-7: Shape of the Fourth Mode at \'arious FreciiUMu ies 

to plateau at about the same levels as those of other frequeiicic^s. 

Figure F8 may also be interpreted in a different context. lh‘(•nu^<‘ the 
horizontal array at the FRAM receiving camp was deployed to the saim‘ ^)1 in (h'ptli 
as the source, the discussion above applies eciually well to the ladative sensitivity of 
the horizontal array elements to energy carried by the various modes. 

F"rom Figure t-8, it can be seen that the advantage in (‘xcitation that the first 
inode i)ossesses over higher modes is a function of freciueiicy. W hih‘ this dirfiMauice 
is (|uite large in the two middle frequencii's, it is much smalhu* at th(‘ (‘dg<‘s ol* the 
fre(|U(*ncy band of intcua'st. To highlight this (dTert, Figure [-0 lias beim incltidiMl. 
This figure' displays tlu' la'lativc' advantage' of the' first ineMh' u\e*r its ne'ighboring 
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Frequency 


3800 m 


2500 m 


15.00 Hz 


14 


7 


17.75 Hz 


17 


9 


20.00 Hz 


19 


10 


23.50 Hz 


22 


12 


30.00 Hz 


28 


15 


35.25 Hz 


33 


17 


35.50 Hz 


34 


18 


47.00 Hz 


45 


23 


53.25 Hz 


51 


26 


55.00 Hz 


53 


27 


71.00 Hz 


68 


35 



Table 4-1: Xuniber of Modes witli Tiiriiiiig ^^)illts aI)ov(> 
3800 111 and 2 )00 iii 



modes as a function of frequency. The relative advantage formula givcm in the 
figure is a crude method of quantifying how much the first mode (‘\tends above 
neighboring mode shape levels in Figure 4-8. Note the strong 30 dB peak at about 
45 Hz in Figure 4-9. About 10 dB of the plotted value near the ])eak is due to the 
uncharacteristicly low levels of modes 2 through 5 (the modes used in tin* average 
indicated in the figure): however, a reduction of the central peak l>y even 10 dB 
does not change the fundamental nature of the j)lot. The e.xplanation of the roll off 
at the extremes of the frequency range is straightforward. At the lower frefjuencies. 
it is the mode shape level for the first mode that is decreasing. ratln>r than those of 
higher modes increasing. At the high fre<iuency end of the spi'ctruin (al)ove 70 II/). 
the mode shape levels for modes 2 and 3 finally liegin to apiiroach that of the first 
mode, again causing a decrease in the first mode relativ(> advantage. Both of tlic'-c 
effects can also be seen in Figure 4-8. 

Two iinj)ortant conclusions must be drawn from 1'igiiri‘s 1-8 and 1-9. I'iisi. 
the d(>ployinent of the TRl.'^d'lv.X source h(>a\'ily favored first inode excitation. I>\ as 
iniudi as 15 dB or more in the middle fn'<iii(‘in ies of the iang(>. It i'^ not until 71 II/. 
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Figure 4-9: Relative Advantage of the Fir^^t Mode over the Next 
Four Modes at 01 m versus F'requeiicy 



the highest frequency available in the vertical array data set. that the second and 
third modes begin to reach excitation levels equivalent with that of the fir>l mode. 
Second, and equally important, becansn the horizontal array at FRAM was deployed 
to the same dt'pth as the source, it was also heavily biased towards the first mode, 
so much so that data taken from the horizontal array hydrophom>s must be 
considered to be almost completely dominated by first mode char.ulerist ics. While 
this effect was ant icipatcal. its magnitude is rather surprising, especially for sound 
prop.agation from the d'RlS'rihN source to the horizontal array, where it comes into 
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play at both the source and receiver. 

4.5.2 Phase Speed Analysis 

While an analysis of the mode shapes provides information al)out relative 
levels to which the source excites the various modes, an analysis of the horizontal 
phase speeds provides much more insight into the effects of the various parts of the 
sound speed profile on the modal structure. This is because the phase .speeds ai*(‘ 
much more sensitive to variations in the profile than the mode shapes. Figure I- 10 
provides plots of the phase speeds for the first three modes of the central Arctic- 
channel in the 0 to 80 llz frequency range. In general, th(‘se plots consist of thr(‘e 
regions: a high frequency region, where the modes are effe^ctively trappc(l in tin* 
surface duct; a transition region; and a low frequency region where the modal 
characteristics are dominated by the deeper portions of the profile. To emphasize 
this effect, modal phase speed results obtained from the two sound speed profiles of 
Figure 1-11 are also plotted. In the left hand profile, the effect of the surface duct 
has been eliminated by extending the profile from tlu‘ 200 m point to tlu‘ surface at 
the gradient existing just below that point. In the right hand profile', the surface 
duct has l)een retained and extended all the way to the bottom of the wat(‘r column 
in a similar fashion. The gradient used here to extend the profile is tin' slope 
existing just above tin' 200 m point. 

Given the results of the previous section that indicate the dominant role it 
plays in the transmission of sound from the TRISTIAX source, a study of tin' first 
mode is of special interest here. As can be secui in l"igui*(‘ 1-10, Indow 10 11/ tin' 
effect of tli(‘ surface duct on first mode pro|)agati()ii is small. I'rom 10 to .■■)() 11/. tin* 
mod(* is in transition into tin' surface duct, while :d)oV(* .‘U) 11/ it can lx* coii'^ideiaxl 
to 1)(‘ trapped in tin' surfaci' duct. As tin' mo(le falls into tin* surface* duct, a 
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significant reduction of phase speed (from about 1460 m/sec to about 1 1-jO ni/sec) is 
evident. Examination of the mode shape as a function of frecpiency (Figure 4-1) 
supports this conclusion. By comparison, the second mode does not l)egin its 
transition until about 35 Hz and is not completely trapped in the surface duct until 
a frequency of almost 60 Hz is reached. The center of the third mode transition 
region is about 65 Hz, but it does not become completely trapped until well above 
80 Hz. As the various modes fall into the surface duct, the spread in horizontal 
phase speed from those not yet trapped becomes much more pronounced. 

Phase speed variations have also been used to invc'stigate the sensitivity of the 
results to the bottom characteristics. To accomplish this, the propagating bottom of 
Figure 4-2 is replaced by a hard bottom and the modes recomputed at 23>.5. 35. 25. 
and 47 Hz. .Measurable differences between the resultant phast* speeds and those 
computed earlier are first detected at modes 10, 30. and 41, res|tecti\ ely. .Ml the 
modes exhibiting sensitivity to the bottom structure have corresponding horizotital 
phase s])eeds in excess of 1500 m/sec, or, ecpiivalently, possess turnitig |)oints within 
500 m of the bottom. Thus, thev are excluded from the stU of modes thought to 
most significnntly contribute to propagntion in the channel (those with turning 
points al)ove 2500m). 

4.5.3 General Observations 

Comi)nring the data from Figure 1-9 with that of Idgiin^ 1-10. one obsrrvi's 
tliat the frecimuicy ri'gion in which the first mode is mo>t dominant (betwiMui al)out 
20 and 00 llz) coincides with it being the only mo<le trappial in the snrraci’ duct. It 
can then lu^ conclud(‘(l that any source or r(’C(‘i\ (*r dejiloyiHl in the duet iN ver\ well 
tun(‘d to the niod(‘s tra|)iKMl tln^re, but onl\ |M)orly mateh(*(l to those that extend 
oiitsidi' it. In Mieh a ca^(^ tlu‘ (un irnmiieni al (‘fr(‘ei> that most greatlx aflVet the 
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sound propagation are those that are located at the to|) of tlie water column. 'This 
is why parameters such as basement characteristics and bottom topography have 
relatively little impact on the problem at hand. 

In the upper layer of the Arctic, the only two significant environmental 
considerations are the ice cover and range variations in the sound speed profile. 
The former is known to have a pronounced impact on the sound propagation, a.s 
mentioned earlier. At the low frequencies of interest here, the effect of the latter is 
probably small by comparison for a number of rea.sons. Sutface duct range 
variations influence propagation in the duct in three ways. First, they provide 
density and refractive inde.x contrasts that scatter the incident sound energy, 
effectively increasing the attenuation. However, this effect is negligil)le when 
compared to the scattering catised by the ice. which jmovides a intich better acoustic 
contrast. Second, they affect the way that the source and receiver cotiple into the 
channel by altering the shape of the modes that are trap])ed in the duct. Finally, 
they affect the distribution of modal energy by generating mode coiii)ling. ,\ review 
of the coupling coefficients (equations (2. IS) and (2.1?))). though, reveals that their 
size is primarily a function of the net change encountered in tin- inoilc shap:'s. 
Thtis. both of these last two effects are controlh'd by the amount of mode shape 
variation that can be generated. In general, it can I'e s.aid tliat the sh.apes of the 
lowest order modes (the oiu's which the .source |)rimarily (wcites) are very insensitive 
to small variations in the sound s|)ced profile, d'hese mode shapes tend to lx- more 
d(‘pendent on the larger scale trends in the profile than on its details. ,\ change of 
as much as several meters per second in sound speed at any |)oint in the duct can 
theri'fore be expected to have only a very sin.all affect on the mode shape. 
Similarly, variations in duct de|>th of as much .as 20 or OO m .are not o\erly 
sigttificattl. Sitice variat iotts in soitttd s|)eed tnnch btyvond these v. tines are milikely. 
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it is hard to argue that range variations in the sound speed profile liave an 
important influence on low frequency Arctic surface duct propagation. 

The above conclusions are very dependent on the location of the source in 
depth. If the source is positioned below the surface duct, a much different situation 
is encountered. Under these conditions, a large spectrum of higher order modes are 
excited at the expense of the modes trapped in the surface duct. The bottom 
characteristics can then be expected to play a much more important role in 
controlling the overall propagation picture. 



TRISTEN FRAM 




Figure 4-12: l)ee]iest RSR Ray for the d'Rl.'^'ri'.X/l R \\I 'i'ran^iuis^ii ni R.aih 
[Note different range .and de]>tli M-ali'>.] 
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4.6 The Deepest RSR Ray Paths of the TRISTEN/FRAM Channel 

As concluded in Polcari [67], it is at times easier to characterize (he 
propagation in terms of a ray representation than it is to describe tliem in terms of 
modes. This is especially true of the deepest diving RSR rays, wliich correspond to 
coherent sums of large numbers of higher order modes, all of whicli are closely 
spaced in horizontal phase speed. Figure -1-12 is adapted from [67] to provide n 
general feel for the characteristics of the deepest RSR ray paths for lln> 
TRISTE.\'/FRAM transmission path. These rays are seen to exhibit horizontal 
phase speeds in the 1180 to 1 lO.a m/sec range. 

4.7 Summary 

The environmental aspects of the central .\rctic sound channel and their I'ffect 
on the modal structure encountered during the FR.-t.M l\’ Experiment hav<* Immmi 
investigated. The water column sound speed profile is presented in Figure 1-1. and 
can be assumed to be reasonably stable over both time and space. The bottom 
toi)ograi)hy creates major deterministic range depimdeiice in the chaiitiel. d'lu' 
overhead ice canopy most greatly effects the attenuation of modal energy, but has 
little influi'itce on (he gross aspects of modal structure, tin* mode shapes .and their 
horizontal phase speeds. The exact mechanism for the attenuation iner(*ase is not 
well understood. 

The sound speed profile consists of three pnrts; a strong siirfac(* duct 
(‘Xtending to about 200 m, which is iini(jiie in that it is giunTatiMl by \ariaiioiis in 
salinity rather than ttunperatiire; a nionotonic incr(‘asing gradi(Uit Ixdow ih(‘ sm-rnrp 
duct that extends to the bottom at .'^SOO m. and wliiidi is g(‘ii(‘rall\ pn‘ssiir<‘ 
controlh‘d: and a basi'nuMit for which some i‘Xp«*rimental data on tin* g(‘oph> sicnl 
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structure is available. The profile is typical of that generally encountered in th(‘ 
basins of the eastern region of the central Arctic. Such a profile .seriously incr(\is(‘s 
the possibility of stability problems when solving the Helmholtz eciuatioii 
numerically in order to obtain the mode shapes; special efforts have been made luue 
to avoid this problem. 

An examination of the mode shapes reveals that, because of the .sourci* and 
receiver geometries involved, first mode propagation plays a dominant role in the 
FR.AAl r\" data set. It is exhibited in the relative excitation levels of the various 
modes by the TRISTF^N source, where the first mode is often driven at Knads nioia^ 
than 15 dB above those of other modes. Also, the sensitivity of the horizontal 
receiving array to energy propagated' in the first mode exceeds its sensitivity to 
other modes by equal amounts. In general, the relative mode shap(‘ levels for higlnu* 
order modes appear to reach a plateau whose level is not very sensitixa* to the 
frequency being considered. The shapes themselves are similar to Airy functions. 

By studying variations in the associated modal horizontal phase s|)(M‘ds as a 
function of frequency, the effect of the various i)arts of th(‘ cmitral Arctic sound 
speed i)rofile on the modal structure has b(‘en chnliiced. Bach mod(^ can Ih> s(M‘ii to 
transition from the deeper part of the profile to the surface duct with increasing 
fr(‘(iuency; for the first mod(\ this transition starts at roughly 10 Ilz and is 
completed by about 30 Hz. The dominance of the first mode is intimately link(‘d to 
this process. The bottom characteristics do not a|)pear to influence* the mod(*s 
thought to contribute most heavily to sound propagation through the chaiim*!. 
Finally, the dee|)est i)ropagat ing RSR ray i)aths occur at horizontal phas(‘ s|H‘(‘ds in 
the 1180 to 1105 m/s(‘c ranga*; tlu‘se rei)res(‘iit colu*n*nt suins of large* numbers of 
higher ord(*r mod(*s clos(*ly spac(*d in phase* sp(*(‘d. 

In gem*ral. s(‘iisors d(*ploy(‘d in the Arctic surfae a* duct coiiph* \a*r\ W(*ll to 
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those modes that are trapped in the duct, and only poorly to any mode extending 
beyond it. This makes environmental effects that exist in the uppermost layer of 
the Arctic much more significant than effects located at other depths for any 
situation involving surface duct propagation. For this case, the impact of variations 
in the sound speed profile appear to be small compared to that of the ice canoiiv. 
since the mode shapes of importance are relativelv insensitive to small change^ in 
the profile. Sources deployed below the duct can be expected to exhibit 
significantly different propagation regimes. 
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Chapter 5 

Modal Beamforming: 

Theory and Simulation 

In the three previous chapters, the preliminaries nec(‘ssary for “modal 
beamforming” have been reviewed. The source model has beiui (liscuss(*d: the 
available receiving arrays have been studied in detail; and the modal structure of 
the sound channel has been carefully analyzed. This chapter draws upon elements 
of all of the three previous chapters to study the various mathematical algorithms 
that might be employed in the modal decomposition of a narrowband sound fiidd at 
a receiving array. Such decompositions are close analogs of the metliods used in 
traditional plane wave beamforming; from a theoretical vii^wpoint. the fimdaimuital 
difference is the choice of the basis set on which the observed sound field is 

decomposed. To emphasize the similarity, the term "modal beamforming" is uscmI 

here to refer to the modal decomposition process. 

In ])lane wave beamforining. one attimipts to measure th(‘ spatial structure of 
a narrowband signal fiidd by estimating its tlir(‘e-dim(Uisioiial spatial Foiiri(‘r 
transform, or waviuiumber spectrum. In modal beamformiiig. th(‘ estimate* is of a 
transform that is only partially Fourier in nature; a modal transform is inste*ad used 
in the vertical dimension. From a practical \ ie^wpoint , each of tii(‘se choices 
possesses distinct advantagevs and disadvantages. The i)ure plain* wave 
repr(‘sentation is very simple, yet very general, reejuiiang only limit(‘d u priori 

knowl(‘dg(‘ of tin* (diaracl(‘rist ics of the pro|)agation channel. ddii'> inake*'^ it a \e*r\ 

robust . cliaiiin‘l-ind(*pend(‘nl procedure*. Addit ie)iially . tin* (*\tensi\ lx >el\ of 

e*\|n*rie‘nce from other disciplines e)ii tin* use* (and misuse*) of the* Fouri<*r transform is 
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directly applicable in the study of performance issues. Finally, the e.xisteiice of 
efficient computational algorithms for evaluation of the transform (i.e.. the I FT), 
enhance the desirability of such an approach. 

Unlike Fourier decomposition, modal beamforming recpiires intimate prior 
knowledge of the propagation channel, so that the modal structure needed to 
implement the algorithms can be determined. In many respects, it may be thought 
of as a beamforming approach that is tuned to the propagation channcd in which it 
is implemented. As discussed in Chapter 6, modal beamforming is al.-^o less forgiving 
of errors in sensor position, particularly when these errors are generated by tilt in a 
vertical array. The added .sensitivity and decreased robustness of a modal approach 
are balanced by a number of benefits, however. The most important of these is the 
very efficient representation of the received signal field provided by the modal 
decomposition. This efficiency has both mathematical and physical aspects. 
Mathematically speaking, the modal representation provides a countably infinite 
basis set as opposed to the infinitely dense set of plane waves: further, this modal 
basis set can often be limited to a small tiumber of significantly contributing modes 
with relatively simple arguments (such as those present(‘d in Ch;i|)tcr •_*)• I I'om a 
physical viewpoint, the modal approach is in some sense the natural (h'composit ion 
to emi>loy. because it represents a direct eigenfunction representation of the sound 
field. 

The chaj)ter starts with the derivation of modal l)eamformers in a general 
sense from the principles of least s<|uares estimation theory. The modal e<iui\alents 
of two pojnilar plane wave beamforming techni(|iies are developed; spatial matcle'd 
filtering: and niaxinmm liklihood (.\IF.\!) algorithm. Ihn-h of thi'se method'- c.in be 
implemented in either a single beam or a multiple b(>am variant. |)roviding ;i tot.al of 
four different a|)i>roaehs. .\ comparison of the four is m.ide to highlight their 
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theoretical differences. Two issues then remain. The first is the question of r»d;itive 
performance, which, because of its complexity, is studied in some detail. The other, 
which is closely related, involves the proper selection of a modal source model. 
Both of these issues are investigated using simulated data in addition to theoretical 
results. 

The theoretical developments presented here are covered in the literature to 
varying degrees. The fundamental techniques of least squares estimation theory 
have a rich history, and any number of good standard references are available; one 
such example is Lawson and Hanson [19). References which deal with direct modal 
amplitude estimation techniques are limited. Hinich [l‘2| first pro|>osed the multiple 
beam MLM algorithm derived here, but did not applied it to actual data. .Shang, 
Clay, and Wang [75] develop the multiple beam least squares algorithm and ap|)ly it 
to data generated in a laboratory setting. Signal processing as|)ects of the algorithm 
(particularly performance issues) are not discu.ssed, however. While Ferris [.q.'.j uses 
a single beam least squares algorithm to make modal amplitude (‘stimatcs from field 
data, his ex|)eriment is purposely structured to avoid the full modal decompo>il ion 
issue. A similar apj)roach is taken true of the tow tank experiment of llobaek. 
Tindle. and .Muir [1 Ij. 

More research has been completed in two relati'd areas. One of thes(> anais i> 
the study of the plane wave equivalents to the algorithms investigated lu'fe. 
Baggeroer [2] provides a comprehensive reference on plane wave beamfortning, 
including tlu' .MLM approach, which was f)riginally introduced in tlu' classie pajH'r 
by Capon [10[. Cox [21] analyzes the |)crformaiice of .MLM |)lane w.ive 

beamfortiKM's in di'tail. Sehweppe[7t] studies tin' concept of multiple be.im Ic.ist 
sqii.ares bi'amforming. Finally, a rectmt pa|>er by lla>e^. Ripa. and .Mangum 
[.■'.8] |)rovides further insight into the ndat ionship lu'tween the least s(|u.ares and 
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MLM approaches. 

Related work, much of it recent, can also be found in the area that ha.s come 
to be known as "matched field processing". The techniques of interest in this field 
are not directly involved with modal decomposition; rather, they use prior 
predictions of the total signal field to generate direct estimates of source 
parameters, such as range and depth. However, their performance is fundamentally 
linked to the modal characteristics of the sound channel in which they are 
employed, making them of much interest in the present effort. Clay [17] first 
proposed the use of matched field processing: this work also forms the basis for 
Chapter 7 of Tolstoy and Clay [79] and .Vppendix Ao of Clay and .Medwin [I8j. In a 
more recent paper, Bucker [9] proposes a similar but more robust scheme, llinich 
develops an ,\1LM algorithm for source dei)th estimation [ fJ] and studies the 
problem of the optimal array locations for making such estimates [t3|. lleitmever. 
Moseley, and Fizell [39] have completed detailed simulations of matt hed field 
processing in a Pckeris waveguide, while Porter, Dicus, and Fizell [70] have done 
similar work for a deep Pacific channel. Fiztdl and Wales [3 1] hav(> had sonu' 
preliminary success applying the techni<iiie to actual field data from the .\rctic 
Ocean. Finally. Shang, Clay, and Wang [73] have proi)os('d a related (t)iit 
somewhat more simplistic) approach for passive source ranging. 

5.1 Development of the Least Squares Modal Beamformer 

The theoretical develoj)inent of the least s(iuares modal beamforiiK'r is 
straightforward. Let the .V X 1 com])le\ V(>ctor P denote the coni|)le\ am|)litude 
observed at each of tlu' .V sensors in the array after com|)letion of the two steps of 
(|nadr:it lire (hunodiilat ion and filti-ring described in S(>< tion 3.1 I. lor the moment, 
assume that P is a constant; the case of tein|)or:illv \ arming complex ani|ditu<les is 









fim . 
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taken up in the sequel. With the exception of the assumption of time invariance, P 
is then identical to £(<) in equation (1.5). Because P is a complex vector, its 
elements include information about both the magnitude and phase of the signal. 

The least squares beamforme'' computes the set of complex modal amplitiuh's 
which minimizes the total square error between the received pressure field and the 
modal source description developed in Chapter 2. This error may be quantified by 
defining an error vector 

e = P-EA. (5.1) 

The second term in this equation represents the assumed source modt'l suminari/ed 
in equations (2.33) through (2.3t)). A is an M X 1 time invariant complex eoliimn 
vector representing the resulting magnitude and phase estimates for the ami)litude 
of the A/ modes that ar.e being modeled. Note that the choice of M is a modeling 
issue of some complexity whose resolution is left to the user. The resultant 
performance of the processing is quite sensitive to the proper selection of this 
parameter, as investigated in Section 5.10. The .V X A/ steering matrix E is the 
same as that described in erpiation (l. l). 

The least squares reciuirement is that the real scalar 

g = e+e (5.2) 

= p+ p _ p+ E A - A+ 1+ P + A+ 1+ 1 A 

be minimiz(‘cl over all iM)ssil)k‘ choices of the A vc'ctor. Tin* iniiiimi/at ion casil\ 
performiMl by variational calculns. S(‘tting the* first variation of «M|iiation (o.lM to 
Z(‘ro. oii(‘ oI>tains 
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0Q = 0 






= (A^ E+ E - P+ E) ok + (9A+ (E+ E A - E+ P) , 



which requires that 

E+EA = E+P. (5.1) 

Assuming the A/ X A/ matrix E"*" E to be non-singulnr. equation (5.1) may he 
solved directly to find the least squares modal estimator 

A = (1+ 1)“^E+P. (5.5) 

Such an assumption requires that M not be larger than .V. This requirement may 
be circumvented by identifying the linear transformation in equation (5.o) as the 
.standard matrix pseudo-inverse; the techniques for extending this operator to the 
case where A/ is larger than .V are quite standard [tO]. Such an approach has a 
number of drawbacks, though; the most important being that the r(‘siilting modal 
amplitude estimates are no longer linearly independent. Therefore, it is not 
considered here. From a practical staiidi)oint, the assumption of non-singularity 
also raises the i.ssue of the numerical precision lunuled to accurately computt* tlu‘ 
invers(u a (piestion intimately linked to the proper seh‘ction of A/. 

An investigation of the second variation demonstrates that the solution la'Milts 
in a minimum total square error if the E~^ E matrix is positive definite (which it 
must be if it is non-singular), 

d-Q = 2 (9A^ E rJA > 0 . (a.b) 

Tlu‘ r('sidual total scpiare error for the b(‘amforiin‘r can lu' obtaiin'd by substituting 
(‘(piation (a.o) back into (‘quation (’>.2) and simplify ing. whiidi results in 



Based on equation (1.6), an estimate of the Mx M modal cross-coherence 



matrix may be computed as 



i| = E|AA+| 



(5.8) 



= E)"^ E+ S.^. E (E+ E)"* , 



where 



S.x = E |P P+l 



(V'l) 



is the more traditional \ X i\ sensor cross-coherence matrix. 

If the vector P is actually time invariant, then the modal cross-coherence 
estimator is redundant, since it provides no more information than the amplitude 
estimate given in equation (5.5). On a practical basis, though, this vector fluctuates 
randomly over time. Tlie application of equation (5.5) to such a |)rol)l(‘ni can b(‘ 
justified only on an instantaneous basis. One can envision using a tine* slic(‘ of data 
to form P, which is then transformed into the comi)lex modal amplitmU* (‘stimat(‘> 
for that instant of time. Pnder such conditions, ecpiation (5.5) provides only an 
estimate of the random complex amplitude time series of each mode, since it 
includ(\s no averaging. By contrast, equation (5.8) yields information that is both 
more useful and more stable, since it instead estimates the second order spatial 
statistics of the vector random process. Since the expectial value operator is almost 
always implenuuited by temporal averaging ratluT than (‘us(‘ml)h‘ aviu'aging. llu‘ 
modal cross-cohereu(*e estimator may be thought of as av(*raging‘ a mimh(‘r of 
est imat (‘s of th(‘ matrix A A^, where A is det(‘rmim‘d on an iiistantam’oiis basis 
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from equation (5.5). Alternatively, one can. view the averaging taking place in the 
computation of the sensor cross-coherence matrix, with equation (5.8) providing the 
transformation to the equivalent modal cross-coherence matrix. The two view.s are 
identical because the processor is linear. 

5.2 Single Beam versus Multiple Beam Beamformers 

As developed, equations (5.5), (5.7), and (5.8) define the multiple b(‘am least 
squares modal beamformer. This beamformer is exactly analogous to Schwei)i)(‘*s 
multiple beam decoupled processor [71] for plane wave l^eamformiiig. with tlu‘ sol(‘ 
exception that the construction of steering matrix E is different. W hile it is possible' 
to implement multiple beam beamformers directly, a different approach is more 
commonly used, especially in azimuthal plane wave beamforming. A single plane 
wave source model is chosen, so that A/ = 1 The resulting algorithm is then 
evaluated repeatedly for various steering vectors, eacdi of which corres|)ouds to a 
plane wave propagating in a different dir(H*tion. One can develop an e(|iiivah‘ut 
approach for modal beamforming by again seh‘cting A/ to be 1, and tlu'ii making 
successive indepenchuit estimates by indexing the steering vector over tlu' moch* s('t 
of inti'rest. This implementation is called the single beam least scjiiares beamformer 
in this tlu'sis. 

Such an approach has several advantages. Most important!}, it elinlinat(‘^ tlu* 
need for the user to select a value for A/ u priori. The residting processor is simph* 
and intuitive, forming the modal ecjuivalent of a conventional b(*amfonu(*r. 
Alt('niat iv('ly , it may be considered to be a spatial implem<*ntation of tlu* iuatrlu*d 
filter conc(*|)t. I'inally, tlu* r(‘(iiiireiuent that A/ lx* h*ss than A is r(*la\(‘d. '^o that 
oiu' is not constraiiu'd in tlu* number of diflcrc'iit luo^l(‘^ that can lx* (*st iniat< d. 

As long as tlu* modi* si*t of iut(‘r(*st is siuall(*r than the inimb(‘r of N(‘ii'-(»rs 
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available in the ar-ray, the processing can be implemented by either approach. 
Therefore, it is important to understand the relationship of the two methods. This 
can be readily demonstrated with a simple e.xample. Consider a signal which 
consists only of a single mode, with no background noise. Let the steering vector 
associated with the mode forming the signal be denoted by E^, and let be the 
mode’s complex amplitude. In this situation, the sen.sor cross-coherence matrix is 



S., = Ifl l-E E+ 

—iN ' p' — p — p 



(TIG) 



Assume that the single beam least squares beamformer is st(‘ered to a mode 
different than the one present in the signal. Let the steering vector associated with 
this mode be E^. From equation (5.8), the resulting single beam least srjuares 
estimate for the squared magnitude of this mode is easily found to l>e 




Note that when the beamformer is steered to the mode actually present in the 
signal, the estimate in equation (5.11) is exact. When steered to any other mode, 
though, what is generally a small amount of energy (but need not necessarily l)e) is 
allowed to leak through, contaminating the estimate to a great(>r or lesser degr<'e. 
Such behavior is equivalent to the sidelol)e patterns developed in pl.ine wave 
beamforming. 

Now consider a multiple beam least squares beamformer with ,\/ = 2. l.ft 
one of the two modes included in the beamformer be the mode actuall\ presetit in 
the signal; let the other be the same mode to which the single Ixaiin Ixaimformer is 
sl(>ered. 'The steering matrix for the mitlliph' be.ani algorilliin is then 

i=|E, |Ej. (:, ia 
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While algebraicly tedious, it is not difficult to directly evaluate equation (5.8) for 
the sensor cross-coherence matrix of equation (5.10) and the steering matrix given in 
equation (5.12). An estimate equivalent to that of equation (5.11) may be extracted 
from the lower right hand corner element of When this is done, it is found that 




(5.13) 



The relationship between the single beam and multiple beam h>ast scjuaies 
bearnformers is now evident. The single beam algorithm allows energy from one 
mode to leak into the estimates of other modes, while the multiple b<‘ani algorithm 
does not allow such leakage between modes that are included in the beamformer. 
The effect of the multiple beam approach is best described by saying that the 
effective beam pattern for each mode to be estimated is forced to have a null in the 
direction of each of the other modes also included in the beamformer. This 
elimination of cross-talk and sidelobe leakage between the various modal estimates 
represents the fundamental advantage of multiple beam algorithms over their single 
beam ecpiivalents. 

5.3 Generalizations of the Least Squares Modal Beamformer and the 
MLM Modal Beamformer 

The results of Section 5.1 can be generalized through the introduction of a 
weighting matrix W in the error calculation of equation (5.2). W is A X A. and is 
assumed to be llermetian and |)ositive definite. It controls the ri'lative import.iiice 
of tin* various t(‘rms th.at contribute to the error (‘\pres>ion. d'he geiierali/ed form 
of e(|uatioii (5.2) is 
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Q = e'*' W e (o.l I) 

= P+ W P - P+ W E A - A+ E+ W P + A+ E+ W E A . 



for which the minimum total square error is generated by 
A = (E+ W E)"^ 1+ W P . 



The residual error result equivalent to equation (5.7) is 

[W - W E (1+ W E)“‘ W] P . 



and the modal cross-coherence matrix estimator becomes 

1m = (1^ W D" ^ 1+ 1 (1+ W E)“ • . 



(5.15) 



(5 16) 



(5.17) 



The choice of W is somewhat arbitrary. The results reduce to tho>e of th(‘ 
least squares beamformer if W is chosen to be an A' X A’ identity matrix. Other 
choices are possible; the discussion here is limited to the selection often made in 
high re.solution beamforming 

W = |-‘. (5.1^) 

The motivation behind choosing the inviTse of the sensor cross-colnna'iict* 
matrix to be the weighting matrix is quite simple, bnt the implenuMitatioii of such a 
choice is rather coinph'X. In theory, one desires to wtught observations ma(l(‘ on 
sensors having low noise mort^ heavily than thos(‘ encoimtiudng liigh noise h‘\(‘ls. 
()b\ionsly. if tin* noise is iincorrelated bc'twiMMi stuisors and has the same powm* 
(varianc(‘) at all t ht* hy drophoin^^. t luui s(‘h‘ct ing W to lx‘ the idmitiiy m:iiri\ is 
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reasonable. For spatially uncorrelated noise that is of varying intensity at (liff(u*ent 
sensors, it is appropriate to choose W as a diagonal matrix with each non-zero 
element being proportional to the inverse of the noise power seen at the respective 
sensor. Such a selection most certainly weights the sensors receiving low noise levels 
more heavily than those receiving high noise levels. 

For spatially coherent noise, the concept is naturally extended l)v identifying 
the weighting matrix with the inverse of the full sensor cross-coherence matrix in a 
condition where no signal is present, so that only noise statistics are nu'aMired, 
Finally, it is shown in Appendix A that the results of equations (5.15) and (5.17) are 
invariant to the inclusion of signal components in the weighting matrix, ^o that the 
full sens(jr cross-coherence matrix may be used in place of just its nois(‘ p^ortion. 
This invariance is very important, since it allows in siln adaptive estimates of tln^ 
weighting matrix to be made without requiring prior removal of the signal from the 
noise. To be valid, it does require the assumption of statistical inde[)(‘n(l(Uice 
between signal and noise, though, which then leads to the issue of colnuauit 
interfercMice. This very significant problem is addressed at huigth in the s(H|U(T 

The choice of W indicated in ecjuation (5.18) allows (‘Cjuations (5.15) and (5.17) 
to be recast in more recognizable forms. After simplification, one obtains 

A = (1+ sj^,' E)"' 1+ 1;;:* p . 10) 

and 

i.\, = 1)"‘ • (•■>-(>) 

These results are the modal analog of what is known as tin' ML.\I algorithm: tin* 
nanu' mlni}ninn energy method is also commonly used. Injuations (5.10) and (5.20) 
may be (hudved in a number of differc'iit ways, each of which provides insight into 
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the properties of the solution. The name "MLM algorithm'* comes from tin* fact 
that the solution is the maximum liklihood estimator for a kno^vn signal in zca-o 
mean, spatially coherent Gaussian noise. It can also be shown that the solution 
provides the maximum SNR processor for a signal in statistically indep(‘nd(‘iit 
coherent noise. 

The MLM algorithm just derived represents the modal analog of the full 
multiple beam MLM beamformer. It agrees with the result f)f Hinich [12], who 
approached the problem from the perspective of a maximum liklihood estimator for 
a signal in Gaussian noise. The algorithm can also be implemented as an analog of 
the single beam least squares approach, where M is choscui as 1 and the resulting 
processor is repeatedly evaluated by indexing the steering vector E ov(‘r the mode 
set of interest. The relationship between the single beam and multiph‘ b(‘ain 
variants of the MLM algorithm is identical to that of the two lea^t scpiares 
approaches, in that the effective beam pattern for each mode included in the 
multiple beam algorithm is forced to have nulls in the direction of all tin* otlnu* 
modes also included: such nulls are not gemmated in the single Ixaiiii ML.\1 
algorithm. This null generation has some interesting conseqmuices for MLM 
algorithm performance. These effects are discussed lat(*r in the chai)ter. 

5.4 A Comparison of Modal Beamforming with Plane Wave 
Beamforming 

As is apparent from the previous discussion, the most significant dirhuauici* 
hetweiui a modal beamforming impleimuitation and nior(‘ traditional plaiH‘ \\av(‘ 
methods is in the construction of tin* stei^ring matrix E. If one c<uisi(h‘rs tlu‘ singh‘ 
b(‘ani c:iM‘ for sini|)licity, the st(H*ring vi'ctor rcajuiianl for tin* ch‘t(‘ction of a jdane 
wave tra\(ding with wavtaiumluT vector k i.s 
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where is the three-dimensional position vector of the sensor with respect to 
the receiver reference point. For the plane wave case, k has a magnitiide eciual to 
the wavenumber, and a direction that is parallel to the direction of propagation. It 
also is three-dimensional, so that it may include a component in c'. Because a |)lau(‘ 
wave is homogeneous in amplitude across any ])hase front, the terms of the stetu’ing 
vector all have unit magnitude. The phase of each term indicates the coin])eiisai ion 
necessary to correct for the phase accumulation of the wave in its travel from the 
receiver reference point to the sensor. 



Bv contrast, the steering: vector describing: the mode is 



IS 



E = 



<> (z.)e 

I . 1. —7 Ip .Ir 



(p (Cxr) 6 '^ ^rn^X 

A' 






where denotes the shape of the mode, and is the horizontal wavenumber 

vector associated with the mode, k has a length equal to the mode’s horizontal 
wavenumber and a direction parallel to the horizontal direction of propagation. In 
contrast to the plane wave case, both the wavenumber vector k and the position 
vectors 7 ^ are now restricted to just the two horizontal dimensions. Also, the modal 
steering vector elements are non-uniformly weight(‘d by the size of the mode shap(^ 
at each s(‘iisor's dei)th. These* two diff(*r(*nces are indicative of the* fact that the 
transform used in the c dir(‘ction is modal rather than Fourier. 



It is of inl(*r(‘st to sp(*cializ(* these* re*sults to the* case* e>f a hoii/oiital array. 1 e>r 
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such a situation, the depths of all the sensors can be assumed equal. This makes all 
the in the modal steering vector identical. For the plane wave stei'ring 

vector, it also ensures that the phase contribution of the r component of the 
wavenumber vector is constant across all the array elements. For a horizontal 
array, therefore, each modal steering vector can be considered to be related to an 
equivalent plane wave steering vector. The only differences between these two 
steering vectors are a scalar phase factor and a scalar magnitude factor. One can 
easily compensate for the effect of the magnitude scalar, since it is equal to the size 
of the mode shape at the horizontal array deployment depth, while the phase scalar 
has no effect on the modal cross-coherence estimate, which provides only relative 
phase information. Thus, for a horizontal array, plane wave beamforming in the 
vertical direction provides information which is equivalent to the modal amplitude 
estimates of direct modal beamformers. This observation becomes important in 
Chapter 7, where data from the horizontal array (which is processed with |dane 
wave beamformers) is compared with direct modal beamforming results from the 
vertical array. 

5.5 Estimation of the Sensor Cross Coherence Matrix 

The l)eamformers tised for the generation of the data |)resented in this tlu'sis 
are fashioned around estimates of the modal cross-colierctice matrix (etiuatioiis 
and (’>.20)) rather than the estimates of the direct complex modal ani|)lit tides 
(equations (5..S) and (3.I9)). There are several reasons for seh'cting this approach. 
.\s discussed in Section o.l, the cross-coherence matrix is related to the fiind.imental 
statistics of the random amplitude |)rocesses. ulic're.as dirt'ct amplitude 
tinxisuretiii'iits provide data only about ;i single realization nf tlie^t* processes, 'rhus. 
the fortner can lx‘ considered to he sonu'wh.at more stabh“ than the hatter. 
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Additionally, the cross-coherence matrix estimator is slightly more efficient 
computationally, because its implicit averaging reduces the number of data points 
that must be processed through the beamformer. Finally, the matrix estimate 
provides direct measurements of the coherence for the various modes in its off- 
diagonal terms. The only information lost in this approach is the ab.solute phase of 
the received signal, which is of no interest here. 

As written, equations (5.8) and (5.20) depend upon the sensor cros.^-cohereiice 
matrix which is an unknown statistic of the random propagation problem. In 
practice. is first estimated over a finite window of data, and then this estimate is 
substituted into the equations in place of the true sensor cross-coherence matrix. 
Typically. Sy would be computed by integrating over the band of frecjiiencies 
containing the signal. For discrete time signals that have been coin|dex 
demodulated, the calculation may be written as [10) 

^ B 

E -V,(m) . I-. MI 

m=-B 

whore 213 + 1 is the bandwidth of the signal and A"^(///) is the FFT of 
comi)lex |)reproeessed time series received at the sensor. 

A somewhat simpler procedure may be used in the pia^sent situation Fecaiisf* 
of its narrowband nature, the signal may be assumed to reside in only a .singh* 
frequency bin. The preprocessed time series from each sen.sor may then be viewed 
as successive estimates of that bin's comph‘\ ami>litude. since the digital filtering 
(‘mploy(‘d is very narrow and cuts off quite sharply. For thesf* condil ioii'^. a natural 
estimate of the sensor cross-coherence matri.x is tlu' dir(‘ct tiim* average 

^ 1 

/(=() 



(5 2 11 
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This method has the advantage of not requiring FFT computations in the 
estimation procedure. The two approaches are easily shown to be equivalent. If the 
sum in equation (5.23) is extended to cover all frequency bins generated by the FFT, 
then the results of equations (5.23) and (5.24) must be equal by ParsevaTs relation. 
Since the narrowband nature of the preprocessing ensures that any energy 
remaining in frequency bins outside of the 12.5 mHz analysis bandwidth is 
negligible, the resulting estimates must then be the same. 

The replacement of by an estimate raises the issue of bias generation in 
the estimates of This is not a problem with the least scpiares algorithms, since' 
only linear transformations are made on the unbiased ('stimate of the se'Usor eross- 
coherence matrix. Such is not the case for the MLM algoritlims, though, because, 
they involve non-linear inversion operations. Both Capon and Goodman [11] and 
Scheer [73] have investigated the resulting bias in some detail. \\ hile this is 

generally a matter of some concern when using MLM algorithms, the coheri'iit 
interference problem (to be discussed presently) causes such large errors in this 
application that tlie bias issue may be coiisiderc'd moot lu're. Noin* tlu' less, it 
should be noted that, in general, abs’ hite levels returned by MI.M algorithms must 
be corrected in order to guarantee quantitative validity. 

5.6 Performance of the Various Modal Beamformers 

The previous discussion defines four different po.ssil)le aj^proaches to the modal 
beamforming problem. These approaches are: 

1. Single lu'am h'ast scpian's (conventional) modal beamforming. 

2. Multiph' l)(‘am h'ast scjuari's modal l)(*amforming. 

3. Singh' lM‘am MLM modal Ix'amforming. 
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4. Muiiiple beam MLM modal beamforming. 

Judicious selection from among these various methods requires that their 
relative performances be assessed under conditions likely to be encountered during 
the actual data reduction. The next several sections address this task. The length 
and complexity of the discussion make a short overview of the eventual conclusions 
in order. 

The theoretical performance of the single l)eani least squares lieamformer is 
investigated in next section. This simple approach has two attractions: it is easy to 
implement; and it is quite robust. However. ev(>n fundament. al t licoiau ical 
calculations demonstrate that the FR.AM I\’ vertical array allows only the first 
mode to l)e reliably estimated at the lowest frequencies of interest. .Such 
performance is clearly inadequate, so that the other algorithms tnust then be 
considered. 

The two ML.\1 algorithms are investigated in the followitig section. Mode 
coheretice is shown to be a major factor in the performance' assessment of both these 
methods. The single beam algorithm is sliown to be t heoretieall;. sttperior to tin* 
multii)le beam algorithm if the individual acoustic inodes that tnake up the signal 
are incoherent (i)liase random) with resjiect to each other. This tnethod would be 
the processor of choice for such a situatioti. since it also offers higher resolution than 
either of the least squares approaches. One of the tnost sigtiificant conclusions of 
Chapter 7 is that the received mode field is highly coherent iti the Arctic, though. 
Indeed, sotne preliminary indications of this concliisioti have already been |)fes('tite(l 
in Figures 3-0 throitgh 3-12. For a signal field consiating of coherent modes, both 
the sitigle and multii)le beatn Mb.M algorithms perform inadc([ualc|\ when applied 
to the vertical array data, although they tnay ^till be successrii||\ .ipplied to the 
horizontal array data. This is.^ue is discussed in some h'tigth. atid it i-- demonstr.-itc'd 
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that the fundamental cause of the difficulties is mutual coherent interference 
between the various modes. 

In the final section, the multiple beam least squares beamformer is studied. 
This approach is shown to possess somewhat better resolution than the single be.im 
least squares processor and is not affected by the coherent interference issues that 
plague the two MLM algorithms. Therefore, the multiple beam least squares 
method is selected for use in reducing the vertical array data. 

5.7 Performance of the Single Beam Least Squares Beamformer 

The fundamental issue involved in any assessment of the perfoniiauce of the 
single beam least scjuares beamformer is its al)ility (or inability) to distinguish 
between signal energy propagating in different modes. To investigate this (|uestion. 
Figure -5-1 has been generated to provide a measure of the theoretical modal 
resolution that can be expected from the algorithm. This figure consists of a 
contour plot of a surface, the height of which represents the otitpiit of the 
beamformer for an array consisting of the 18 recorded elements of the FRA.M l\’ 
vertical array. The vertical axis shows the mode which the beamformer is to detect 
(or, in a more traditional parlance, the mode to which the beamformer is steereci), 
while the horizontal axis indicates the one mode actually present in the artificially 
created signal field which the beamformer is processing. The theoretical output of 
the beamformer for each possible combination of the mode actually |)reseut and the 
mode steered to is used to define the snrf.ice. whi( h is then contoured on a dll sc.dc 
(■J..a (111 per contour). The first 10 nuxles of the 30 llz mode s<>t have' been iise(| in 
the generation of I'igiire o-l. 

in analogy to plane wave lu'aiiiforining in l)earing. e.-uh hori/ont.d cro^^- 
scction of Figure •')- 1 may be considered to In* the mod.-d "be.ain pattern" ih.-it is 
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Figure 5-1: Theoretical Modal Sidelobe Pattern - 30 Hz Single Beam 
Least Squares Beamformer for 10 Modes (all 18 elements) 
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obtained when the array is steered to that particidar mode. However, it must be 
stressed that the mode domain differs from the bearing domain by being 
fundamentally discrete in nature. Thus, for this and all other plots having one or 
more axes indexed in mode number, the results shown at non-integer values of mode 
number are only linear interpolations between the true data, which exists only for 
integer mode numbers. This technique of displaying results is used so that larg'* 
quantities of information may be displayed in a compact manner. To emphasize tin* 
discrete nature of the data, a dark grid has been added to the plot at integer values 
of the mode number. 

I'he calculations displayed in Figure o-l are tliec’iretical in that they have been 
computed with perfectly known mode shapes, sensor positions, and sensor cross- 
coherence matrices. In particular, complications caused by the substitution of an 
estimate for the actual S^^. matrix have not been considered. The cross-coherence 
matrix used in the computation of the figure consists of one mode of unit amplitude 
in background noise that is spatiall}' white, i.e. 

ix = E,E+ + x|E,|-i. 

where 

|E.r- = E+E.. (.')•_>(>) 

Here E. is the steering vector of tlie mode indicated bv the horizontal axis. That is, 
it is the particular column of the steiTing matrix E (h^fiiu'd in e(|uation (1. I) that 
describes the mode assiimiHl to be pr{‘seiit in the signal field. X is tlu* in\»*rsr of thr 
(‘ffectiv(‘ modal signal-to-nois(‘ ratio; a value of 10”'^ has Immmi used in i ho goiuTailon 
of iMgnia' ’)- 1 . 

A l)(*a informer of perf(‘ct resolution would (‘rcatt* a ridgo o| 0 dH outputs along 
the major diagonal of tin* plot. This ridg(* \\ould be of narrow rross-s(‘ci ion. with 
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Figure 5-2: Theoretical Modal Sidelobe Pattern - 47 Hz Single Beam 
Least Squares Beamformer for 45 Modes (all 18 elements) 
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Figure 5-3: Theoretical Modal Sidelobe Pattern - 47 Hz Single Beam 
Least Squares Beamformer for 45 Modes (top 9 elements only) 
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configuration file F4V47S 
MODE FREQUENCY 47 000 HZ 

TILT MAGNITUDE 0 00 OEG 

MINIMUM CONTOUR -30 0 06 



environmental parameter file F4S0FT 
# OF MOOES AVAILABLE 45 FIRST MODE IN FILE I 

TILT azimuth 0 00 DEG TARGET AZIMUTH 87 60 DEG 

MAXIMUM CONTOUR 0 0 OB INCREMENT 2 5 DB 
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Figure 5-3: 'riiuorutical Modal Sidclol)^ I’allcni - 17 llz Hi>ain 

Least S(|uarcs IL-amfonncr for la Modes (to|> 0 elements only) 
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Figure 5-4: Theoretical Modal Sidelobe Pattern - 47 Hz Single Beam 
Least Squares Beamformer for 45 Modes (every other element only) 
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configuration FILE F4V47S 
MODE FREQUENCY 47 000 HZ 

TILT MAGNITUDE 0 00 DEG 

MINIMUM CONTOUR -30 0 DB 



ENVIRONMENTAL PARAMETER FILE F4SOFT 
# OF MODES AVAILABLE 45 FIRST MODE IN FILE I 

TILT azimuth 0 00 DEG TARGET AZIMUTH 87 60 DEG 

MAXIMUM CONTOUR 0 0 DB INCREMENT 2 5 DB 
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Figure 5-4: 'riu‘oiH‘l ical Modal Sidcloln' I’aitciii - 17 llz Single |}eam 
l.t'ant Sijiiarus Bt'amformi'r for lo Modes ((>vei> olli<>r eleineiil <>nl> ) 
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the output immediately falling to a floor of about -30 dB (the level of the white 
noise included in the cross-coherence matrix) for any off-diagonal points in the grid. 
Figure 5-1 shows quite graphically that the single beam least squares modal 
beamformer is far from ideal at 30 Hz when applied to the FRAM F\" vertical array. 
The first mode is clearly resolved; about 20 dB of separation is observed between it 
and the second mode. To lesser degrees, modes 2 and 3 can also be separated, with 
about -10 dB of leakage between modes 2 and 3. and about -7 dB between modes 3 
and 4. However, all modes beyond the third can be seen to be fundamentally 
unre.solvable with the available array. For example, the sidelobe between inode.^ 4 
and 5 is. at best, down by only 3 dB; hence, energy from either mode 4 or mode 5 is 
capable of generating large output levels when the beamformer is steered to mode 1. 
It can be concluded that the single beam least squares modal beamformer is 
theoretically capable of resolving no more than 3 modes at 30 Hz. The realities of 
dealing with actual data can be expected to degrade performance still further. 

Similar investigations at other frequencies indicate that the algorithm can 
resolve only a single mode at 15 Hz, 5 modes at 17 Hz, and only about 8 mode> even 
at 71 Hz. Figure 5-2 displays the results for the 18 elements of the FH.k.M 1\ 
vertical array at 47 Hz. Note that the range of modes dl.^played in Figure 5-2 
extends to 45 versus the 10 displayed in Figure 5-1. This is done to demon.-'t iat(> the 
different forms of aliasing that are possible. Tbe major modal si(h*lobe> ol»ei\fd in 
Figure 5-2 can be divided into two types. One type is a general broadening of tin- 
central ridge with increasing mode number. The other type is a general l)aii(ling 
that occurs at right angles to the central ridge, and is prominent at higher mode 
numbers. 

Tlu' broadening of the central peak sidelolx* strmtiire in I'igiire 5-2 (•.an lx- 
attributeci to tin' problem of inaikaiuate :iriay length, a'- shown in I'igure 5-.’y 'I bis 
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figure has been generated from the 47 Hz mode set in a fashion idcuitical to that 
used in the creation of Figure 5-2, except that the bottom 9 elements in the array 
have been excluded from the beamformer, effectively halving the array aperture. 
The resultant large increase in the width of the central peak is readily observed. 

In contrast, Figure 5-4 has been recreated from Figure 5-2 by eliminating 
every other recorded sensor, rather than the bottom nine. The uuml^er of sensors 
has again been halved, but now in such a way as to retain the total array aperture. 
As expected, the width of the central peak in Figure 5-4 is comparable with that of 
Figure 5-2. However, the banding observed at the higher modes has now moved 
down in mode number. This is clearly due to an inadec|uate sensor population in 
the available array aperture. Note that the pattern does not occul until one or both 
of the injected mode number and the beamformed mode ’number is greater than tlu* 
numl)er of sensors in the vertical array (18 in P'igiire 5-2 and 9 in Figure* 5-1). 

To better understand the causes of the two types of aliasing, one must fir.st 
consider how the beamformer works in a physical sense. In essence, the single beam 
least sepiares algorithm uses the elements of the vertical array to effect a finite >iini 
approximation of the mode orthogonality integral (e(|uation (2.8)). The amount of 
aliasing is an inverse measure of the effect iv(‘iiess of this sum in ap])ro\imat ing tlu* 
integral. Too great an inter-seiisor spacing results in und(*rsanipling the ai)ertiire of 
the array, which, in turn, causes aliasing similar to that generated wh(*n a time 
seri(*s is sami)led below the Nycpjist rate. This type of aliasing generally occurs 
between modes of significantly different mode- number, as is demonstrated by the 
banding effect it generates. On the other hand, a vertical array apcatiiri* of 

iiiade<^iuat(* h'ligtli can cause significant portions of some of the mo(h* shapes 
iiivolv(‘d to be e\clu(h*d from tlu* iiit(‘grat ion, also causing anomalous r<‘siilt^. In 
this cas(*, though, it is geiuu’ally niod(‘s that an* rlosc^ in mode* iiumlua* that look 
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rnost similar; hence, this type of aliasing primarily contributes by widening tlie 
central ridge of Figures 5-1 through 5-4. A study of the mode shapes presented in 
Figures 4-4 through 4-7 verifies this conclusion. At every frequency, the first mode 
not resolved by the single beam least sc[uares algorithm is also the first to have a 
significant portion of its mode shape e.xtend below the 960 m length of the array. In 
some respects, the tw'o types of aliasing are also akin to the local versus global error 
problems encountered in target detection and estimation theory [82]. 

From the above discussion, it becomes obvious that, in the frequency rangi' of 
interest, the modal resolution available from the FR.VM 1\' vertical array is 
fundamentally limited by its length. At the lowest frequencies available in the d.ita 
set, not more than a single mode can' be rc.solved by the conventional spatial 
matched-filter; even at the highest frequencies in the data set, only about lO'T of 
the modes that might contribute significantly to the received field can lx* resolved. 
Such performance is clearly inadequate, requiring consideration of higher resolution 
modal beamforming methods. 



5.8 Performance of the MLM Beamformers 

5.8.1 Performance of the Single Beam MLM Beamformer for Incoherent 

Modes 

When applied to plane wave beamforming, the ML.M algorithm is normally 
considered to be a high resolution alternative to least squares (conventional) 
beamforming. From a theoretical viewpoint, a similar interpretation can be made 
for modal beamforming. This is illiistrat<‘d in I'igure .')-5. 'I'he eontniir plot 
displayed in this figure is identical to that of Figure 5-1. (‘\cept for the algorithm 
employ('d in computing the side lobe patlt-riis. Here, it is the theoretical output of 
the single beam .\11A1 algorithm at .'50 Hz that is shown, rather than the output of 
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-5: Theoretical Modal Sidelobe Pattern - 30 Hz Single Beam 
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configuration 

MODE FREQUENCY 
TILT MAGNITUDE 
MINIMUM CONTOUR 



FILE F4V30S 
30 000 HZ 
0 00 DEG 
-30 0 DB 



environmental parameter file r4S0FT 

i OF MODES AVAILABLE 28 FIRST MODE IN FILE I 
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Figure 5-5: Theoretical Modal SicUdoln* ratt(‘rn - -')() 11/ Sino;h‘ Ihcaiii 
MLM BeainfoniK'r for 28 Mode's (all IS (’h'me'nts) 
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the least squares algorithm displayed earlier. The same SXR as used earlier (30 dB) 
has been assumed in the generation of this figure. 

The result displayed in Figure 5-5 is very close to that of an ideal modal 
beamformer, and provides the motivation for investigating the MLM algorithm in 
modal decomposition applications. However, practical issues involving the 
implementation of the processor typically limit this ideal theoretical performance. 
In particular, Figure 5-5, like Figures .5-1 through .5-4, has been computed using a 
perfectly known sensor cross-coherence matrix. To measure the the effect of using 
onlv an estimate of the S^. matrix, sets of svnthetic data have been created and 
processed using the single beam MLM algorithm. The processed output for one of 
these data sets is displayed in Figure 5-6. This figure is once again a contour plot 
with the surface height representing modal amplitude on a dB scale. Here, though, 
the horizontal axis represents time, while the vertical axis represents tin* mode 
number to which the beamformer is steered. The plot consists of the time series 
over 20 minutes of the amplitude estimate for each of the 18 modes dis|)layed. 
These estimates have been melded together to form the contoured surfae(‘ by liiu‘ar 
interpolation between adjacent modes. As was the cas(» leirlier, the only real data in 
the vertical occurs at iiitcg(‘r values of the mode numbcT. Tlie contouiaal format is 
used only b(‘cause it allows information to be displayed at a high visual deiisit\. 

To interpret the results displayed in Figure 5-6, one must first understand the 
details involved in the creation of the data set. The sound field has beiui 
synthesized from the 30 Hz mode shapes presented in (’hapter L with each of tlu‘ 
odd modes between the first and tlu‘ fifteenth contributing to the sum with unit 
amplitud(^ Since only t\w odd modes are inelinh'd in tlu‘ sound field, the e\en mode 
ami)litu(h‘ outputs indicate the amount of energy that the algorithm allows to l(\ak 
into th(‘ir estimate's. To I)etter diffe‘r(‘iitiate lu'twe'e'u various modes in the (Uiipiil. 
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Figure 5-6: Output of Single Beam MLM Beamformer versus Time 
for Incoherent Synthetic Data at 30 Hz 
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the unit amplitudes have been modulated by sinusoids with periods of 20 ininules; 
the full time extent of the plot corresponds to exactly one period of the modulation. 
The starting point of the modulating sinusoid has been adjusted by 00 for each 
succeeding odd mode, so that the modulation for mode 1 looks like a cosine 
function, while the modulation for mode 3 appears as a sine function, etc. Each of 
the various modal contributions has been provided with an independent random 
phase component, so that they are phase random with respect to each other. 1'he 
resulting field can then be considered to be a sum of incoherent modes. The 
random phase fluctuations have been created with a temporal correlation length of 
32 sec (20 points), so as to approximate the effect of the final preprocessing filter. .V 
small amount of spatially uncorrelated white noise (at about 30 dB .SNR) is included 
in each hydrophone’s time series. 

The synthetic data set has been created in a format identical to that of the 
preprocessed real data; namely, a complex time series sampled every 1. 6 seconds for 
each recorded sensor. The beamforming itself has been computed using' an 
averaging window of 2 minutes for S^^., representing about 4 degrees of frt'cdoin. 
with updates once a minute (for a 50'T overlap factor). The resulting estimate of 
the sensor cross-coherence matrix is subse(|uently stabilized for inversion by the 
addition of a small positive constant to the diagonal terms. 

In Figure 5-6, the first mode is clearly resolved. The amplitude modulation is 
apparent, demonstrating both the proper period and the correct initial phase. The 
output for the second mode indicates that the processing provides more' than 20 dB 
of rejection between it and modes modes 1 and 3. Similarly, all inodes through ilu“ 
seventh are well resolved, and modes 8 through 11 can be at least i)ariiallv 
distinguished. This |)erformance C(>rtainly excc>eds that of Ihc' single Ix'.-im le.ist 
s(|uares algorithm, even without considering the eflVcts of ;ui using only an eslim;ite 
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of Sj^ on the latter. 

5.8.2 The Relationship Between the Single and Multiple Beam Variants 
of the MLM Beamformer for Incoherent Modes 

Because Hinich [42] has proposed a multiple beam MLM algorithm for modal 
beamforming, it is important to consider the relationship of the two algorithms in 
the case of incoherently summed modes. To see the nature of the relation.shi|), one 
must review briefly the technique by which the MLM algorithm assures maximum 
signal-to-noise ratios at the beamformer output. From a linear algebra perspective, 
the problem consists of determining N complex unknowns, each representing the 
complex gain applied to the observed field at a given sensor. The problem th(>n 
contains N degrees of freedom. For the single beam case, the ML.M result is 
obtained by effecting a constrained minimization of the noise power. The constraint 
guarantees undistorted passage of the desired signal through the beamforming 
process, and uses one degree of freedom. The remaining .V— 1 degrees are then 
employed to minimize the power of the noise in which the signal is embedded. This 
minimization may be visualized as an optimal placement of A — I nulls in the 
modal beam pattern. 

liy comparison, the multiple beam variant can be considered to have A/ - .V 
degrees of freedom, representing the unknown complex gains to be applied at any 
given sensor for each of A/ beams. Cursory consideration of the problem shows that 
at least A/ distortionless constraints (one for each beam) are required. A more 
detailed investigation shows that A/" constraints are actually placed upon the 
proldem. The extra constraints represent decou|)ling re(|uiremenl> between the 
(liff(>rent beams. These are needed to guarantc'’ aecurate energy .accounting; 
without them, energy detected on one i)eam could also le.ik tlirongh to ollii>r beams. 



-148- 



and thus be accounted for multiple times. Thus, there are a total of M- (.V— Af) 
degrees of freedom available for minimizing the noise on A/ beams, or only .V — A/ 
degrees of freedom for each beam. The multiple beam MLM algorithm can then be 
viewed as the equivalent of single beam result with some extra decoupling 
constraints included. These extra constraints have the effect of locating a priori 
some of the nulls that would otherwise be free for noise minimization. 

The upshot of this rather abstract discussion is that one always obtains better 
SNR performance from the single beam form of the MLM algorithm than from the 
multiple beam variant when processing an incoherently summed mode field. This is 
obvious, since the multiple beam approach requires prior placement of nulls that 
would otherwise be located to optimally reject noise; this prior null placement can 
never improve the total noise rejection. A full and mathematically rigorous 
argument to the same effect is presented in Appendix B. One simple indication of 
this behavior is that when A/ = iV, both the least squares and MLM algorithms 
reduce to the same solution 

where the steering matrix E is now .V X .V and may be assumed to he non-singular. 
Such a result is expected, since under these conditions all the available (b‘gree.s of 
freedom are utilized as constraints, leaving none for the noise minimization that is 
the source of the MLM algorithm’s superior performance. 

The conclusion to be drawn from Figures 5-1 through 5-6 and the previous 
discussion is that the single beam MLM modal beamformer is die algorithm of 
choice for vertical array data modal decom|)osition when the souiul fifdd consists of 
incoherent modes. This finding must be tempered by the reMilts of tln‘ following 
section, which show that it is very sensitive to how W(‘ll the im'ohennit mod(‘ 
assumption is nu‘t in practice. 
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Figure 5-7: Output of Single Beam MLM Beamformer versus Time 
for Incoherent Synthetic Data at 47 Hz 
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Figure 5-8: Output of Single Beam MLM Beamformer versus Time 
for Coherent Synthetic Data at 47 Hz 
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5.8.3 Performance of the Single Beam MLM Algorithm for Vertical 
Arrays in the Presence of Coherent Interference 

As has already been indicated in Chapter 3 and is conclusively demonstrated 
in Chapter 7, the various complex mode amplitudes are highly coherent in the 
FRAM W data set. This mode coherence has a significant effect on the 
performance both of the MLM algorithms, making neither the single beam proces.sor 
nor the multiple beam processor applicable to the present problem. It is revealing 
to study this problem in some detail, so that the effects of mode coherence on the 
MLM algorithm can be better understood. 

Figure 5-7 displays the output of the single beam .\IL.\1 modal beamforiiK'r for 
a synthetic sound field at 47 Hz. In all other particulars except frequency, both the 
synthetic data generation and the processing is identical to that of Figure 5-6. .Most 
importantly, the synthetic field once again consists of the odd modes between 1 and 
15 combined in a temporally phase random fashion, so that the various modal 
contributions can be considered to be incoherent. Each mode is once more a.ssigned 
an amplitude of unity and sinusoidally modulated. .A.t 47 Hz, the first 9 modes are 
easily resolved, and all of the modes through mode 15 (the last one present in the 
signal field) are at least partially resolved. 

Like Figure 5-7, Figure 5-8 also displays the output of the singh* b(>ain .\1L.\1 
modal beamformer for a synthetic sound field at 47 Hz. Both the synthetic data 
generation and the processing is identical to that of both Figure 5-6 and Figure 5-7. 
with one important difference: while the modal contributions to the sound field in 
Figures 5-6 and 5-7 are summed incoherently by injecting random plia^e 
fluctuations that vary independently from mode to modi*, the moilal cont rilnit ions 
for Figure 5-8 are .summed in a coherent fashion. This is accomi)lis|ictl by injecting 
a jihasi* fluctuations that are constant across .ill modes, so that a constant phe.se 
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relationship is maintained over time between the various modal amplitudes. In 
striking contrast to the results of Figure 5-7, the resulting output from the single 
beam MLM beamformer for this case is so poor as to be essentially meaningless. 



Having demonstrated numerically that the issue of mode coherence is of 
extremely important in determining the performance of MLM modal beamformers. 
it is next important to develop a more intuitive understanding of the problem. 
Consider a sound field consisting of a single mode in spatially white noise. Let the 
the complex amplitude of the mode that is present be and the steering vector 
associated with it be denoted bv E . This modal steering vector is the particular 
column of the steering matrix E defined in equation (1.4) that describes the mode 
assumed to be present in the signal field. The sensor cross-coherence matrix for 
such a situation is 




la I- E E+ + X 

' 7)1 — H — n 



l-IE/i 



where X is the inverse of the effective modal signal-to-noise ratio and 



(5.28) 




(5.2fl) 



The single beam MLM beamformer estimates the squared magnitude of the 
complex amplitude of the mode to which it is steered. |a^|", as 




.50) 



In contrast to E^, which is the steering vector of the mode actually present in tlie 
signal field, E^ is the steering vector of the mode to which the beamformer is 
steered. I'sing the identity givcui in ec|uation (.\.5), it is possible to compnti' tin* 
inverse of S^^. as given l)y CMiuation (5.28). This result m.i_\ tlnui l>e sub>tii iiled into 
ecpiation (5.50) to yield 
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Here is the normalized inner product between and 



'bp 



E+ Ep 

^ |E,I |E^I 



(5.32) 



The magnitude of 



p^ always lies in a range from 0.0 to 1.0. 



Figure 5-5 is nothing more than equation (5.31) evaluated at various 

combinations of E, and E . It is easv to see how the MLM beamformer obtains its 
—b —p 

high resolution. When the beamformer is steered to the mode that is present in the 
field, takes on a value of 1.0, leading to an output of 

• ld/ = |a/(l + X). (5.33) 

On the other hand, when the mode present in the signal field is different from the 
mode to which the beamformer is steered, the value of is small if the two modes 
are well resolved by the array. In fact, for the limiting case of a vertical array of 
continuous aperture extending across the full sound channel, p^^^ is guaranteed to be 
zero for all possible mode pairs, since the numerator of ecpiation (5.32) approaches 
the orthogonality integral of ecpiation (2.8). Thus, the squared magnitude of p^^^ is 
generally negligible for well resolved modes, leading to 





(•■i.3t) 



Since the value of X is small for high S.\R signals, (in Figure 5-5, a value of 10“'^ is 
used), exc(‘lh>nt rejection is obtained when the mode i)r(‘sent is not the one to which 
the beamformer is steered. 



In th<‘ case where the sound field consists of two modes whose contributions 
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are incoherent with respect to each other, the sensor cross-coherence matrix can i)e 
written as 





E , E+ 

—pi —pi 





-h X |a 



pi 






15.351 



where E^^ and E^.-, are the steering vectors of the two modes contributing to the 
signal field. Here, for simplicity, the white noise scaling lias been kept identical to 
that of equation (5.28). Equation (5.35) can also be inverted and then sub^tituted 
into (5.30) to obtain a general result. In this case, it i.s of the most interest to study 
the effect of the presence of the second mode on the beamformer estimate for the 
first mode, which can be obtained by setting E^ equal to E^j. This leads to 



l«pll“ = 



‘pli 



( 



1 + 



X (6x +l) 



(6x -pi) — |p 



where 



plp2lV ■ 



(5.3()) 



b 





O 




(5.37) 



Again, it is easy to see how high resolution is obtained: if the two modes 
present are well resiilved l>y the array, then the scpiared magnitude of once 

more negligible, giving an output of 

l%ll‘ ^ l"pll'(l + ^)- 

This result is identical to that of equation (3.33), which iiiean.s that llu' single heain 
MLM beamformer almost completely eliminates the effect of the pr(‘seiice of the 
second incoherent mode in the signal field. Such a conclusion is c(‘rtainly in 
agT(‘ement with th(» results of Figures 3-t) and 3-7. 

The ability of th(» single Ix^am MLM algorithm to discriminate against tin* 
pr(*s(MiC(‘ of the s(‘cond mode is inherently tied to the ability of tlu’ arra\ to resolvi* 
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the two modes. If the two modes are well resolved, then Miiall. and 

therefore justifiably negligible. On the other hand, if the two modes are 
fundamentally unresolvable, then ignoring this term is a poor approximation at l>e^t. 
In either case, though, the performance is at least as good as that of the single be.im 
least squares beamformer. 



To highlight the difference between case where the *he signal modes combine 
incoherently and the case where they remain phase locked with respect to each 
other, the preceding problem is now repeated for a sound field consisting of two 
modes that sum coherently. In this situation, the sen.sor cro.ss-coherence matrix is 



= (a„, E^, + E„.J («„, E -f E -f 



(5.;W) 






Again, the white noise scaling has been kept identical to that of e(|iiation (5. 28). 
Comparing equations (5.35) and (5.39), it can be seen that the effect oT the modes 
being coherent is to force the retention of cross-terms that would average to zero in 
the incoherent case. Inversion of equation (5.39) and sub.se(|iient sid)st it nl ion into 
(5.30) is easily accomplished. I'pon steering the beamformer to the first tnode. om> 
obtains 




l«„|l' ^ +^) 

(6X -fl) - 



(5.10) 



where b is again defined as in equation (5.37) and c is 



_ —pi 

1^-/- |E,,|- 



(5.11) 



AsMiiniiio' :is Ix^fore tlial tlie modes are well resolvi'd I)v the aiTa\. \u , J” can 
agnin be lU'gK'cted, so that for typical white noise h'Vids tlu* output is approximately 
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c(x 



The resulting output is now proportional to X. If both the modal steering vectors 
are assumed to be of roughly equal norm, and if the modal amplitudes are 
approximately equal, then c can take on values of between 0.0 and 4.0, depending 
on the relative phase between the two modes and how well they are resolved by the 
array. For well resolved modes, c approaches a value of 2.0, since the steering 
vectors associated with the modes are close to orthogonal. On the other hand, 
equation (5.34) demonstrates that the background noise floor that leaks into any 
mode is approximately X under the a.ssumption of equal norms for different 

modal steering vectors. Thus, the presence in the signal field of two coherent, well 
resolved modes of roughly equal strength causes the single beam ML.M algorithm to 
generate output estimates of these modes that are only 3 dB above the noise floor, 
no matter how strong the actual modal signals. This is exactly the phenomenon 
seen in Pdgure 5-8. 



Further investigation of equation (5.40) yields two significant conclusions. 
First, even very small levels of a second coherent mode can trigger the interference 
effect. Again a.ssuming that the modes are well resolved, consider the limit as 
vanishes. For this ca.se, c approaches the value of 6, and equation (5.10) then 



simplifies to 



I'-' 







o 6x 

b\ +1 



(5.13) 



The result approaches the correct value of only if l>\ is much greater than 1.0. 

indicating that coherent contributions from other modes are negligible lo tln> .\1L.\1 
processor only if they are at or below the background noise levid. Second, tlu' effect 
of coherent interf(*rence on the single beam .\IL.\1 algorithm is worse when ihe two 
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modal steering vectors are well resolved than it is when they are poorly resolvi'd. In 
the limit as approaches ^^kes on a value of unity, and the out|)Ut 

becomes a very reasonable 

l«pi + 

This is exactly the opposite of what might be intuitively expected. Beamforniing 
algorithms typically experience greater difficulty when multiple sources look \(>ry 
similar than when they are easily distinguished. But the nature of ecpiation (5. 10) is 
such that more realistic results are achieved from the single beam MLM algorilhiu 
when the value of is near 1.0 (indicating that the interfering modes are 

poorly resolved) than when it is close to 0.0 (meaning that the interfering modes are 
w’ell resolved). 

For the ideal case of a continuous vertical aperture extending across the full 
channel, the single beam MLM approach is completely inappropriate when the 
modes contributing to the signal field remain coherent. This is because mode 
orthogonality guarantees that is always zero, a situation which leads to the 

worst possible performance of the MLM processor. As will be investigated in the 
sequel, its suitability for use with horizontal arrays is somewhat better. 

The fundamental rea.son that coherently interfering modes cause the single 
beam .MLM algorithm difficulty is that they violate the assumption of stati>tical 
independence between signal and noise. In the single beam approach, the signal, by 
definition, is the mode selected for detection: any other mod(>s prescmt are 
considered to be part of the noise against which the j)roce.ssor is to discriminate. If 
the modes are phase random with respect to each otlu>r. then the selection of one 
mode as the sign.al while the otluTs are includ(><l in the noise (•all-^es no violation of 
this fundamental assumption. On the other hand, the definition of a single mode a^ 
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the signal destroys the assumption of independence between signal and noise wIiimi 
the modes remain coherent. The effect of the resulting coherent interference is to 
corrupt the spatial structure of the signal mode. The heamformer then rejects the 
energy carried in the signal mode because the mode is no longer recognizable. This 
is why equation (5.42) indicates that the output is roughly the same as background 
noise levels. 

5.8.4 Performance of the Multiple Beam MLM Algorithm for Vertical 
Arrays in the Presence of Coherent Interference 

Since the single beam MLM algorithm is clearly inappropriate for the task at 
hand, the effect of coherent modal interference on the multiple beam variant is now 
investigated. From the discussion in Sections 5.2 and 5. .3, it can be seen that the 

fundamental advantage of the multiple beam approach is that it expands the 

number of modes which are simultaneously designated as signal from 1 to .\/, the 

number of beams Included in the multiple beam beamformer. If a multiple beam 
MLM algorithm that includes all modes making significant coherent contributions to 
the total signal field is implemented, then the statistical independence of signal and 
noise can be reestablished, and the resulting algorithm should, in theory, produce 
acceptable results. number of practical considerations limit the api)licability of 
this approach, though. 

The i.ssue of greatest importance is the proper selection of M. the numlx'r of 
modes to include in the beamformer. .\s immtioned earlier, this choice is basically a 
modeling decision, since the inclusion of extra modes in the beamformer is 
tantamount to improving the initially assumed signal model. Including an 

iiisuffici(‘nt number of inodes leaves one with the same i)roblein that |)lagues the 
singh' beam ap|>roach; the algorithm |)eiforms poorly lu'cause the signal ami the 
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noise, as implicitly defined by the model selection, are not statistically iiulepcndcMt. 
On the other hand, making M too large is also detrimental, for two reasons. The 
original derivation limits the number of modes that can be handled simultaneously 
to the number of sensors available. Otherwise, E"^ E is of less than full rank, 
and therefore uninvertible. 

For the FRAM IV vertical array (and many other vertical arrays), the fact 
that many of the higher order modes cannot be adec|uately resolved places an even 
more restrictive limit on A/. Since two modes become unresolvable when the 
steering vectors describing them become too similar, the inclusion of multiple 
unresolvable modes in the steering matri.x qtiickly drives it towards rank deficiency, 
so that inversion of the quadratic product creates serious difficulties from the 
viewpoint of numerical stability. The impact of this issue on the multiple l)eam 
least squares algorithm is studied in some detail in Section 5.9. Its effect on the 
multiple beam MLM algorithm is similar, limiting the effective number of l)eatns 
that can be handled simultaneously to as few as 3 or 4 below 20 Hz, and no more 
than perhaps a dozen even at 71 Hz. 

It has been shown previously that any mode contributing coherently to the 
signal field in an amount that e.xceeds the background noise level must be 
considered significant (see equation (5.43)). Thus, one reaclu's the conclusion th.it it 
is not possible to implement a multiple beam .\1L.\1 processor capable of dealing 
with the coherent interference problem for the FRAM 1\’ vertical array. HoweV(*r, 
given a sufficiently improved array, such an approach could be possible. 'Phe 
primary remaining issue uinler these conditions would be one's ability to invert 
large dimension arrays (perhaps 30 X 30 or 50 X 50) in a nuinerically stable 
fashion. The array necessary to supi)ort such processing would innsl to extrnd 
much further in depth, .so that it could adeciuately resolve significant 1\ gre.ater 
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nunibers of modes. Only a relatively modest increase in the number of hydrophones 
would be needed. The addition of further sensors beyond this amount would be 
beneficial, though, since the performance improvement that .MLM algorithms over 
equivalent least squares algorithms is fundamentally linked to the size of .V — M 
(the excess of sensor count over beam count). 

5.8.5 Alternative Implementations of the MLM Algorithm in the 
Presence of Coherent Interference 

Alternative implementations of the MLM algorithm in the presence of 
coherent interference are possible if one is not interested in actually measuring 
individual modal characteristics. While these approaches are generally not 
applicable to the present problem, it is of interest to understand their relationship 
to it. 

Consider again the sensor cross-coherence matrix for two coherently 
interfering modes (equation (5. .39)). A consideration of the eigenvalues and 
eigenvectors of this matrix quickly leads to the conclusion that the output of the 
single beam ML.M beamformer is maximized when a steering vc'ctor of the form 
E^, = A- + 

is used [‘JOj. Here k is an arbitrary scaling factor that would typically be ii>e<l for 
normalization of the steering vector. This observation forms th»‘ basis for all these 
alternative implementations. If the relative mode amplitudes and phases were 
known a priori, then an o])timal detector could be created by beamformiiig to a 
steering vector which was the properly weighted sum of the individual modal 
steering vectors. In this thesis, of course, these are exactly the parameters to l>e 
measured, but there may be ways of predicting them accurately enough to :dl(,w 
signifieattt itnprovemetits in detection processing. 
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One alternative approach is to index the beaniforining across a set of steering 
vectors generated by various weighted sums of the modal steering vectors; arbitrary 
variations of the modal amplitudes and phases become impractical beyond a very 
few modes, however. A more promising variant is to index the beamforming across 
the tw’o parameters of source range and depth, using one or another of the different 
propagation theories currently available to predict the mode amplitudes and phases 
needed to compute the sum. The advantage of such a method is that source range 
and depth are immediately available once detection is made. Several preliminary 
efforts in this direction show promise. The work of Fizell and Wales [34] is of 
special note, since it applies the approach to actual field data. 

5.8.6 Performance of MLM Algorithms for Horizontal Arrays in the 

Presence of Coherent Interference 

After much effort, two important conclusions have been reached concerning 
the use of the MLM algorithm for reduction of the FR.\M 1\' vertical array data set. 
The first is that the .MLM algorithm works very well when the modes imiking up 
the sound field are incoherent. For this situation, the single beam variant is 
guaranteed to provide better performance than any multiple beam variant. 'I'lie 
second is that the MLM algorithm has a great deal of difficulty when the modes 
comprising the sound field remain coherent with respect to each other. In this case, 
the performance is worst when the coherently interfering modes are well resolved by 
the array rather than poorly resolved, as might otherwise be expected. 'Fhe 
difficulties that arise when coherent interference is encountered are severe enough to 
make both the single aiul multiple beam versions unattractive for use with ilu‘ 
vertical array data. On the other hand, the .MLM ap[)roach can still be used on the 
horizontal array data if adequate care and caution are exercised. It is revealing to 
investigat(> why better |)erformance might be expected of the singh* beam .ML.M 
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Figure 5-9: Components of a Coherent Soiiiul V\M for a Notioiinl 

Horizontal Array 

beainformer in a coherent mode field when it is a])plied to horizontal array data 
than when it is used with vertical array data. 

C’onsider a situatioii wlu^re a horizontal array is r(‘ceiviiig a larga^ iiumlxa* of 
coli(‘r(Mit modal arrivals. Let the steering \ ector associat(‘d with the mo(l(‘ lx* 
and its complex ami)litnd(* l)e chnioted by T1 k‘ >>(nisor cross-c'oh(M*(‘nr(‘ inalrix 
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is then of the form 




(5.16) 



where is a weighted sum the steering vectors associated with the various modes 
that are present 



This sum is shown pictorially in Figure 5-9. As discussed in Section 5. 1, the modal 
steering vectors for a horizontal array are identical to the steering vectors for plane 
waves, with the e.xception of a scalar equal to the size of the mode sha])e at the 
array’s deployment depth. The equivalent plane waves are all traveling in the same 
horizontal direction but with slightly different horizontal phase speeds. I'nder these 
conditions, the modal steering vectors can be e.xpected to be almost parallel to both 
one another and to the total sum. Figure .5-9 has been drawn to reflect this 
situation. 

Assume that the single beam MLM beamformer is steered to the mode. Its 
output can then be evaluated directly from equation (5.31) by setting — F 
E = E , and E, = E-. Sinc(> E and E. are almost parallel, it is not unreasonable 
to represent their inner product as 



where f is small with respect to unity but still large when compared to X. The 
case where f. is the same or smaller than X is not of interest, since this geiierallv 



corresponds to operational situations where the array is fundamentally unable to 
resolve the modal structure (such as a horizontal line array optuated near 




(5. 17) 



k 




(5. 18) 




nio(|e Is 



then 
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Although this output is still proportional to the noise level X, the effect is greatly 
mitigated by the small denominator which is typically on the order of 10”' or 
10 ”-. 

The result presented in equation (5.49) raises the very important question of 
why the resultant output should bear any resemblence to the actual modal 
amplitude distribution. It is not at all obvious why the estimate should be large 
when the actual mode amplitude is large and why it should be small when the mode 
amplitude is small. Of the four terms on the right hand side of eciuation (5.49). only 
the two in the denominator depend upon the mode to which the beamformer is 
steered. The variation of |E^.|“ with mode number is only a scalar related to the size 
of the mode’s shape at the array depth, and, hence, of no practical conse(|ueiice. 
Indeed, if the steering vector of the equivalent plane wave is instead con>idered. 
even this simple variation with mode number is eliminated, and the term can be 
considered to be constant. Thus, the change in output level with mode number is 
principally caused by the t. term, so that the estimator output tracks the actual 
modal amplitude distribution only if is gcuuTally small for modes of large 
amplitude and big for modes of small amplitude. W hile this is never gnaranl(M*(l to 
be the case, a graphical argument can be made to support the conclusion that it is 
often so. 

Consider once more the sum of equation (5.17) and its graphical depiction 
shown in Figure 5-0. can be expected to li(‘ in a direction that is closi'sl to the 
direclion of the inodfxs providing the largest contributions. \\)v these ino(l(‘s, tlnai. 
is g(MU‘rally smaller than averagaa providing tin* desiiaal peak in tin* nio(lal 
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amplitude distribution. The effect is most reliable when a single modal contribution 
dominates all others, as is often the case in the Arctic. This situation is shown in 
Figure 5-9. In creating this figure, the lengths of the various modal steering vectors 
have been assumed to be roughly equal, and the amplitude of mode 1 has been 
assumed to be much greater than the amplitude of any other mode. For this 
situation, it is apparent that the angle between and Ej is smaller than the angle 
E^ makes with other modal steering vectors. 

It is the natural sensitivity of equation (5.-19) to variations in that provides 
the MLM algorithm with better resolution than the conventional beamformer For 
comparison, the output of the single beam least squares beamformer is 
approximately 




While this result provides a much better absolute level than ecpiation (5. 19), its form 
is such as to make it significantly less sensitive to variations in than the .\1L.\1 
result. 

Thus, the single beam MLM beamformer ends up providing the desired result 
of higher resolution than the conventional beamformer wlum applied to modal 
separation with horizontal arrays, all hough not for the reasons typically given to 
explain its operation. .Additionally, the linkage through is highly non-lim>ar. 
making both absolute levels and relative peak levels highly suspect, although 
positions of the peaks in mode number (or, equivalently, grazing angle or phase 
speed) can generally be accepted as accurate. In ]>revious cases where the MLM 
algorithm has been used in the presence of multii)le eoheiauit sources, or \sitli a 
single cohertuit .source in a stable multi-path eiivironnumt, these ('fleets lia\e 
probaltly been incorrectly attributed to the effect of tlu' .ML.M bias discussed e;uli('r. 
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The distinction is important, because in many situations one can accurately 
compensate for the bias effect, whereas the extraction of reliable levels in the 
presence of coherent interference is impossible. 

In conclusion, the MLM algorithm still provides higher resolution in the 
presence of coherent interference than conventional processing does when applied to 
horizontal array data, despite the fact that the various arrivals are highly coheirnt. 
This higher resolution is achieved at the expense of accurate peak levels and a 
marked decrease in the robustness of the processing, though. The results are most 
trustworthy in the case of one strong modal arrival dominating all other colu'reni 
contributions to the signal field. All of these effects can be seen in the resiilt.iiit 
outputs of the ML.M proces.sor that are presented in C'hapter 7. 

5.9 Performance of the Multiple Beam Least Squares Beamformer 

Since neither form of the MLM algorithm can be reliably ap])lied to the 
FR.AM rV vertical array data in a modal beamforming context, the multiple be.im 
least scpiares beamformer must then be considered as a high resolution alternative. 
Such an approach offers several advantages. First, the multiple beam algorithm c,in 
be expected to provide at least marginally better performance than the singh* Ix'.ini 
variant if the number of modes included in the beamformer is not e\ce'''>ive. 
Because the multiple beam algorithm essentially attempts to fit the observed 
pressure field with a model containing a greater number of parameters, closer 
agreement with the data generally results. Additionally, since the derivation of the 
multiple beam least squares algorithm requires no assumption about the statistical 
relatioiishi|> between the signal and the noise, its p(>rformanc(' is not di'gr.mh'd by 
coherent interference. It also provides some ndief from the intm-niodal .aliasing 
l^roblems semi in the single beam least s(|uares algorithm, although the iinpro\ cinent 
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Figure 5-10: Output of Multiple Beam Least Squares Beamformer 
versus Time for Coherent Synthetic Data at *47 Hz 
(7 modes included in beamformer) 
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Figure 5-11: Output of Single Beam Least Squares Beamformer 
versus Time for Coherent Synthetic Data at 47 Hz 
(7 modes shown) 



k 




•MT 




1 






m 

1 



I 









%| 



• <tj> iw'jjttd-’^i i’lih^lt 'hjitp iti'-a •n«5<*'l 



‘ I f 





-168- 




6 



5 



4 



3 



2 



END 


7 00 


MD 








START 


1 00 


WD 


TIK 


0 50 


MD 


SPAN 


6 00 


WD 


CHAN 


1 




CONT 


2 50 


D0 


WAX 


0 00 


DO 


WIN 


-32 50 


DO 



47 HZ - SINGLE BEAM LEAST SQUARES BEAMFORMER - COHERENT Si-NTHETIC DATA 



Figure 5-11: ()iit|)iit t)f Siiigic n<‘;iinr' >nncr 

V(>rMl^ '^riiiu' lor C'olu*rt'Ht S\nllu>tic :il 17 11/ 

(7 modes siiown) 



500 00 TM 1000 00 



-169- 



is not as great as that which the single beam MLM algorithm would provich* if it 
could be applied. Finally, the multiple beam version is somewhat more 
computationally efficient than the single beam variant. 

A typical set of modal amplitude estimates generated by the multiple beam 
least squares approach is presented in Figure 5-10. For comparison, the equivalent 
set of outputs from the single beam variant is presented in Figure 5-11. Similar to 
Figures 5-6 through 5-8, the modal amplitudes are depicted as contours over a 
surface consisting of time on the horizontal a.xis and mode number on the vertical 
axis. As mentioned earlier, the only real data points occur for integer values of the 
mode number; results plotted at non-integer mode values are merely interpolations 
between adjacent data points. 

The particulars of the synthetic data sets used to generate both of these 
figures are identical to those of the earlier figures. Again, the synthetic signal field 
consists of a coherent sum of the odd modes between 1 and 15, each with unit 
amplitude. The various modal amplitudes have once more been alternatively 
modulated with cosine and sine waveforms with periods of ‘20 minutes. Both plots 
span the first seven modes at 47 Hz. All seven are resolvable in Figure 5-10. About 
20 dB of rejection is observed in the second mode and about 17 dB is seen in the 
fourth mode. These results show some improvement over those of Figiirt' 5-11, 
where only the lower order mode^ can effectively be resolved, and where rejection in 
the second and fourth mode troughs is somewhat less. 

While the additional resolution provided by the multiple beam least stpiare^ 
algorithm is not great, it is significant. This is especially true at frecpiencic's below 
20 Hz, where the single beam approach has difficulty resolving more than one mo<h>. 
It is for this rea.son that the midti|)le beam least scpiares Ix-amfonuer has been 
seh'cted as the most attractive alternative for the modal decomposition of the 
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FRAM rV vertical array data set. 



5.10 Determination of the Number of Modes to Model 



The final topic to be addressed in this chapter is the proper choice of M. the 
number of modes to be included in the multiple beam algorithm. Ideally, the choice 
would include any mode likely to provide a significant contribution to the total 
sound field seen at the receiver. However, the inclusion of an excessive number of 
modes in the beamformer can lead to problems involving numerical stability, as can 
be seen in Figure 5-12. In this figure, the same 47 Hz synthetic data iisecl to 
generate Figures .5-10 and -5-11 has been reprocessed with a multiple beam least 
squares algorithm that includes the first eight modes instead of the seven used 
above. By increasing A/ from seven to eight, the effective resolution has been 
decreased rather than increased; only four modes are now actually resolved, while 
the rest are saturated by processing-induced noise. 



To understand this effect, consider the output of the multiple beajn least 
squares processor for an input consisting only of spatially white noise. For such a 
case, the sensor cross-coherence matrix is 




From equation (.5.8), the output of the processor can then be evaluated as 

iy, = <^-(1^1)'^ • 

It is obvious that as the A/ X A/ matrix E'*’ E becomes singular, one or more 
outputs of the proces.sor grows without bound. Numerical instability in the 
inversion can tluui make the algorithm (‘Xtreimdy sensitive to own small amounts of 
l)ackground noise. Therefore, a proper choice of A/ must be liased on a comproiniM* 
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Figure 5-12: Output of Multiple Beam Least Squares Beamformer 
versus Time for Coherent Synthetic Data at 47 Hz 
(8 modes included in beamformer) 
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Figure 5-13j Singularity Coefficient versus Mode Count 
at 15 Hz. 30 Hz, and 17 Hz 



between the increased resolution and the decreased nuniericai staldlity caused by 
the inclusion of additional inodes. 

The relative singularity of the above matrix can be quantified through the use 
of the simjiilarili/ coefficient (/, which is defined as 



I)<‘t [E+ E] 




Hen*, the Det [•] notation i> used to indicate the (leti'riniiiant of the matrix, uliilc 
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through E^^are the various column vectors comprising the steering matrix E. 
The denominator consists of the product of the norms of these vectors. 

The singularity coefficient has several very useful properties. First, it is 
always unity when A/ = 1. Second, for any other value of A/, it is unity only if all 
the component column vectors are all mutually orthogonal. Finally, its value is 
always in the range from 0.0 to 1.0. Since the coefficient is proportional to the 
value of the matri.x determinant, it can approach zero only as the matrix becomes 
singular. Thus, it provides a good indication of the relative singularity of the 
matrix E'*' E. 

P’igure 5-13 provides a dB scale plot of this singularity coefficient for steering 
matrices consisting of up to the first nine modes at frequencies of 15 Ilz, 30 Hz. and 
47 Hz. In general, the coefficient remains close to 1.0 when small numbers of mod(‘s 
are included in the steering matrix, gradually decreasing as the mode count 
increases. Beyond a certain critical number of modes, though, inclusion of further 
modes in the steering matrix then causes .the coefficient to fall rapidly towards zero. 
\"arious methods may be used to define precisely this critical nuinlx'r of nioiles. 
Here, a trial and error procedure has been used to find a reasonable breaki)oint. 
The singularity coefficient has been conquired against the processing output for 
synthetic data similar to that found in Figures 5-10 and 5-12 at various 
combinations of frequency and mode count. This comparison shows that optimum 
beamformer performance occurs for values of the singularity coefficient that are 
slightly greater than 0.1. The critical mode coimt is then the largest number of 
modes that can be included in the steering matrix without the coefficient exceeiling 
this t hreshold. 

This definition produces optimal results at all the frc(|Uenries tested in the 
trial and error i)rocedure. lloweviu. it may be inFlueuced b\ the arr.i> 
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configuration, the modal structure of the particular channel investigated, and the 
choice of modes included in the synthetic data. The sensitivity of the definition to 
these various effects has not been investigated. 

Using the above definition, the number of modes that can be included in the 
multiple beam algorithm at any frequency is readily found. This information is 
presented in Table 5-1 for the frequencies available in the FRAM U' vertical array 
data set. Since the multiple beam processor computes the output of all its beams 
simultaneously, the value also represents the number of modes that can be resolved 
at each frequency. In all cases, at least three modes are resolvable; tin* number 
increases with frequency, reaching a value of 0 modes at 71 Ilz. A comparison with 
the mode shapes of Chapter 4 reveals that the last resolvable mode is tlie one in 
which the lowest oscillation of the mode shape is still sampled by at least one sensor. 



Frequency 

15.00 Hz 
17.75 Hz 

20.00 Hz 

23.50 Hz 

30.00 Hz 

35.25 Hz 

35.50 Hz 

47.00 Hz 

53.25 Hz 

55.00 Hz 

71.00 Hz 



Mode Count 



3 

3 

3 

4 

5 
5 
5 



Table 5-1: Modes Resolvable by Multiple Beam Least Sc|uar<'s 

Modal Beamformer 
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5.11 Summary 

Several different methods for the decomposition into its modal components of 
the sound field observed at an array have been presented and analyzed. Modal 
decomposition is intimately related to the problem of beamforming, which has a rich 
history in the literature. The primary theoretical difference between the two results 
is the choice of the basis set of functions on which the received field is deconipo>('(l: 
traditional beamforming utilizes the set of plane waves, while (he pre^ent effort 
employs the normal mode functions associated with the .sound channel in which the 
receiving array resides. When the two approaches are compared, the major 
advantages of plane w'ave beamforming are the independence of the technique from 
knowledge of the sound channel and its equivalence with Fourier tran''^fol■m 
techniques, which allows a wide body of knowledge to also be tapped. The prineii)al 
advantages of modal beamforming include the mathematically efficient nature of 
the representation and the physical relevance of the resultant outputs. 

Two different approaches to modal beamforming have been addressed; the 
least squares method and the MLM algorithm. The two are differentiat(*d by thrir 
choice of weighting matrix used in computing the total sqitare error to be 
minimized. The least squares approach weights all errors equally, attempting to 
match the full received field. The ML.M algorithm, on the other hand, tries to 
compensate for noise by selecting the inverse of the sen.sor cross-coherence matrix as 
the weighting matrix. Titis selection has the eff(>ct of weighting noisy sensors less 
heavily than sensors with clean signals for purposes of calculating the total sciuare 
error. Hotli methods can be implemented in either a single or multiple beam 
format, generating four differcMit approaches, all of whi(h have been coiisidereil 



here. 
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As might be expected, the resulting solutions for these different npproach(>s to 
modal beamforming all take on the forms identical to their plane wave proces^ing 
algorithm analogs. The only difference occurs in the definition of the steering 
matrix, which is the parameter describing the signal to be detected. In plane wave 
beamforming, this steering matrix (or steering vector, when dealing with single 
beam variants) consists solely of the complex phase accumulated in the travel of tin* 
plane wave from the receiver reference point to the individual sensor. For modal 
beamforming, the direction of travel is restricted to the horizontal plane, but the 
size of the mode sha|>e at each sensor depth is included in addition to the phase 
accumulation due to travel. 

The relative performance of the each of the four variants |)roposed for modal 
beamforming has been investigated for the case of the FRAM I\ vertical array 
when deployed in the sound channel described in Chapter 4. The single beam least 
squares beamformer, which is the equivalent of the conventional beamformer, has 
been shown to exhibit inadequate modal resolution, being able to resolve only a 
single mode at 15 Hz. and no more than 8 modes even at 71 Hz. .\t intermediate 
frequencies, typical resolution is 3 modes at 30 Hz and 5 modes at 47 Hz. In all 
cases, the numirer of modes that can be resolved is but a small ijercentage of thos(> 
that might possibly provide significant contributions to the received sound fiidd. 
The resolution has been shown to be limited by the length of the array rather than 
by sensor spacing within the array aperture. 

The single beam ML.\1 beamformer can provide significantly better i(>solntion 
than the single beam least scjnares beamfornu'r if the received sound (udd is 
comprised of modes which sum incoherently. It has also Ix'en demonst rat eil 
theoretically that the single beam variant of tlu- .\ll..\l algorithm always exhibits 
better performance than the multiph' beam variant under these conditions, 'riius. 



the single beam ^1LM algorithm is the method of choice for accomplishing modal 
decomposition with the FRAM FV' vertical array if the modes at the receiver 
combine incoherently. 

The performance of the MLM algorithm has been shown to be very sensitive 
to the assumption of mode incoherence. The single beam variant of the algorithm 
operates only very poorly in the presence of coherently summed modes. This 
problem has been examined in detail, both theoretically and through simulation: the 
cause has been shown to be a violation of the assumed independence of signal and 
noise. This violation is produced because one of the coherent modes is implicitly 
classified as the signal and the others as nois(> in the single beam .\lb.\l variaitt. It 
has been shown that this problem can be triggered by the presence of even small 
amounts of a second coherent mode, and is most severe for the case of orthogonal 
steering vectors, as is the case for modes well resolved by a vertical array. The 
effect has been demonstrated to be less significant when the steering vectors of the 
coherently summing modes are api)roximately parallel to each other, such as occurs 
when considering high resolution horizontal array beamforming. Finally, it can be 
demonstrated that, in the presence of coherent modes, the sitigie beatn ML.\I 
beamformer still provides higher resolution than the single beam least sfiuares 
beamformer when applied to the horizontal array. In this case, the peak locations 
normally remain accurate; the resultant output levels are not reliable, though. 

The multiple beam variant of the ML.\1 algorithm is theoretically capable of 
eliminating the difficulties encountered by the single beam iti i)roeessing a field 
consisting of coherent modes. This is accomplished only at the expense of some 
reduction in p(“rformance, and is impleinented by simultatieoiisly including in the 
multi|)le beatn .\1L.\1 beamformer all modes with significant coherent contributions. 
However, a practical investigation indicates that the I'RA.M l\ vertical array hn ks 
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the fundamental resolution necessary to guarantee the numerical stability of such an 
approach. Thus, neither variant of the MLM algorithm is considered to l)e adequate 
for the reduction of FRAAI vertical array data, since (as is shown in Chai>ter 7) 
the modal contributions turn out to be highly coherent. 

The multiple beam least squares algorithm has been shown to be an adequate 
high resolution alternative to the single beam least squares algorithm for vertical 
array data, because it is insensitive to the issue of mode coherence, and because it 
provides the multiple mode resolution at lower frequencies that is lacking in the 
single beam variant. The major issue involved in implementing any such algorithm 
is the selection of the number of modes to model (or. equivalently, the number of 
modal beams to estimate simultaneously). Inclusion of too many modes that are 
fundamentally unresolvable by the array causes numerical stability problems in the 
matrix inversions required to implement the processing. A quantitative method for 
selecting the number of modes to be include in the multiple beam least .squares 
beamformer is j)resented. This method is based on the relative singularity of the 
steering matrix when different numbers of modes are included. I sing the nu'lhod, 
which has been verified through simulation, Table 5-1 has been conqFdcd: it 
indicates the number of modes that can be simultaneously resolved at different 
frequencies when the multiple beam least scpiares processor is applied to data taken 
from the FR.\M I\' vertical array. The results of Table 5-1 indicate that multiple 
modes can be resolved for all frequencies of interest. 
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Chapter 6 

The Array Tilt Problem 

The signal processing aspects of modal beamforming have been discussed in 
the previous chapter. For the purposes of that discussion, the array has been 
assumed to be ideal in all respects. In particular, the locations of the sensors that 
comprised the array have been assumed to be known e.xactly. In practice, such 
sensor positions are rarely known precisely; this is certainly true for the PRAM I\’ 
arrays, as is discussed in Sections 3.5 and 3.7. The purpose of the present chapter is 
to investigate the sensitivity of the modal decomposition process to the types of 
sensor position errors likely to be encountered in practice. 

The chapter begins w'ith the selection of the linear tilt model for the shape of 
the FR.AM FV'^ vertical array. The model is very convenient, since only one 
parameter, the effective array tilt angle, is needed to completely specify it. even 
when the three-dimensional aspects of the problem are considered. Such an 
approach can be justified in two ways. First, it accounts for the majority of the 
sensor offsets found in the notional shapes presented in Section 3.7, especially at 
larger tilt angles, where both the size and the effect of sensor position errors are 
greatest. Second, the physics of the problem are consistent with the conjecture that 
higher order array shape variations have less of an impact on the modal 
decomposition process than does the linear tilt. 

Ne.vt, the tilt problem is studied so that one can (pialitat ively understand its 
effect on vertical array modal beamforming. This study is siipi)orted by la-Milts 
generated from synthetic data which depict graphically tlu> lilt angle seiisit i\ ity of 
modal beamforimu's. 'Fhe physical insight generati-d also hcuF to a simple method 
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for estimating the accuracy of tilt angle measurements needed for valid modal 
separation to be guaranteed. This method is then applied to the FR.AAl F\' vertical 
array and sound channel, and the results are both reported and compared with the 
synthetically generated outputs. 

The discussion just outlined contributes in three ways. First, it emphasizes 
the general importance of vertical array tilt in the modal decomposition problem. 
Second, it provides at least a rudimentary method of estimating the quality of tilt 
angle measurements that are needed. Finally, it proves that the array tilt problem 
must be addressed for successful application of modal beamforming to the FRA.M 1\' 
vertical array data. However, no tilt angle measurements arc directly available 
from the e.xperimental data package. In light of this situation, one must then 
attempt to recover estimates of the effective array tilt from the acoustic data. 

The remainder of the chapter presents a simple method for derlucing the 
effective array tilt from the acoustic data set. This method invoha^s the 
minimization of the residual total square error over a range of rea.soiiable till angles. 
The residual total s(jaare error is a measure of how well the sound [ircssure fiidd 
observed at the various array sen.sors is matched by a pressure field reconstructed 
from the complex modal amplitude outputs of the beamforiner. d'lie accuracy of 
the method is investigated with synthetic data, atul .some conclusions are draun 
about the conditions reipiired to obtaiti relialile results. 

6.1 A Simplified Model for the Shape of the Vertical Array 

Two estimates of the true shape of the vertic.al array in the |)resence of 
ri'asonably severe relative ciirretits have beiui jiresented in Section .’F7. 'llu' 
methods Used to generate these estim.ates c.an b<* considered m.at licm.at ic.al moilels of 
the vertical array shape. Roth of the nnuh'ls are iclati\ely crmle. even to the |ioint 
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of being somewhat unrealistic. From a signal processing point of view, though, ^till 
further simplification is desirable, so that the number of parameters ne(‘<b'<l to 
define the shape of the array can be kept to a minimum. In the remaimhu' of this 
thesis, the array is modeled as a simple straight line that makes some angle with the 
true vertical. In terms of the signal processing, this is the simplest model pos^il)le, 
since it requires only one parameter, the effective array tilt angle, to complet'dy 
determine the model array shape. 

The selection of the simple linear tilt model for the vertical array sha|)e can be 
justified by examining how well it fits the actual shape of the array under difbuent 
conditions. Since no actual array shape data is available, this is difficult to do 
directly. Instead, the comparison is made with the ,\RL array model on the 
assumption that the model is at least a reasonable reproduction of the general shape 
of the array. The fit can be quantified by breaking the NRL result presented in 
Figure 3-5 into polynomials involving increasing powers of c. The natural l>asis set 
for such a decomposition is the set of normalized Legendre polynomials, since they 
are the orthogonal function set involving increasing powers in c. The coefficient of 
the first order term in the expansion represents the assumed tilt angle that the 
array makes with the vertical, while those of higher terms indicate the relative 
contributions that more complex curves make to the total array shape. The more 
commonly used Taylor series expansion is misleading in this situation, since the 
Taylor polynomials are not orthogonal. The coefficient of the first order T.iylor 
term does not reflect the full tilt of the array, since odd Taylor |)oly nomials of 

or 

higher order (r , c' , etc.) all contain additional implied array tilt. 

From orthogonal function theory [‘JO], the coerficimil of the t(‘rni of i1h‘ 
seri('s can he computed as 




(( 



) 
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where z' is a normalized depth coordinate in the range from -1 to 1. being relatc<l to 
tlie unnormalized depth c and the total length of the array // by 




The notation r^(z') is used to indicate the actual array offset as measured at the 
equivalent unnormalized depth. is the Legendre polynomial; the lowest 

order functions of this set are provided in Table 6-1. In addition, the same lh(-<)ry 
guarantees that 




so that the percentage contribution of any term to the full array shape can be 
computed by dividing the square of the appropriate coefficient by /. 

Table 6-1 provides the results of the Legendre polynomial decomposition for 
the first few terms of the series. It is easy to see that the series can be reasonably 
well approximated with as few as the first two terms. Since the zero order term 
represents nothing more than a translation of the horizontal axis, it has no practical 
effect on the beamforming, and can be completely eliminated by proper rech'finit ion 
of the coordinate .system. However, even if the zero order term is ignorecl. the first 
order linear tilt term still accounts for about 60 ' V of the remaining array offset. 

Thus, the conclusion is reached that the array shape displayed in Figurt> -2-.') 
can be adequately represented by an array that remains a straight line Imt which is 
tilted at some angle to the vertical. Whether or not the array can normally be 
representetl by a linear tilt is more probletnatic, .\ (piantitative discussion of this 
point is clearly impossihUc due to the laciv of (‘Xperitnental arra> shape 
nu'asurements. However, two general argitinents cati be m.ade in faNor of sik h a 
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Polvnomial 



Relative Contribution 
Coefficient with without 



Po(~') = v/05 

= yn z' 



9.82 X 10- 



80.02C^ 



4.62 X 10- 



17.72'^ 88.68^c 



(1 



.5^'--0.5) -1.65X10- 



2.26C^ 11.32C^ 



F^lz'j = (2.5 - 1.5 z') 3.35 X 10*^ 

/ = 1.205 X 10^' in^ 

Table 6-1: Results of Legendre Polynomial .Analysis Results for 
the NRL Model of the PRAM I\’ Vertical .Array Shape 

conclusion. First, the structural mechanics of the vertical array suggests that the 
lowest order shape components should dominate. For the length and weight 
involved (1000 m and roughly 2 tons), it is difficult to visualize a condition where 
much more than a very few low order terms of the expansion contribute 
significantly. This supposition agrees with the results pr(>sented in Talde 6-1. where 
anything beyond the parabolic term is obviously negligible. Second, it must be 
realized that the accuracy of the linear tilt model can l)e expected to generally 
increase at higher currents, where the array shape effects are larger and their 
impact on the problem is more significant. .As the array becomes strung out at 
these currents, the proportion of the array shape provided by the lilt term inciasises. 
Thus, the model is most accurate in the worst case condition, where it is needed 
most. Finally, it is possible to argue that it is nec(‘ssary to retain the s(*cond onler 
term for accuracy, but such a decision must be balanced against the increased 
complexity of the resulting model. In the i)r(>sent case, tin' parabolic term apjiears 
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to be small enough that more is gained by dropping it than by retaining it. 

The true array shape is a three-dimensional function, as shown in Figure 3-5. 
However, it is only one projection of the full shape (that in the vertical plane of 
sound propagation) that affects the modal beamforming. For the purposes of the 
Legendre polynomial analysis Just conducted, this vertical plane was arbitrarily 
assumed to be coincident with the vertical plane of current flow at the surface, 
which will not generally be the case. In a more general situation, the linear tilt 
model can be thought of as the first order Legendre polynomial fit to the projection 
of the array shape into the vertical plane of propagation. The tilt angle associalc'd 
with this linear tilt is then not a true array tilt, but only an effective one measured 
in the direction of propagation. 

6.2 The Sensitivity of Modal Beamforming to Array Tilt 

Having demonstrated that the first order effect of sensor off.s(‘ts in v<'rtical 
arrays is to provide an effective tilt to the array, the sensitivity of the modal 
decomposition process to this tilt must next be considered. C'cmsider the siin])le 
channel shown in Figure 6-1, which consists of a free surface at r = 0, a hard 
bottom at a depth of c = //, and a sound speed C|j that is constant throughout the 
channel. For simplicity, assume an array of continuous aperture that extends to the 
full depth of the channel, and a situation where only the mode is present. For 
such a case, the multiple beam least squares result of Chapter 5 reduces to the 
modal equivalent of the conventional beamformer. The resulting processor may also 
be interi)retetl as a traditional matched fitter, hut in a s])alial .s('iise. 'riiiis, to detect 
the inod(>, the out])ut of the array at any depth should Ix' weighted by the size of 
tlu‘ mode shajH* at that depth, which for this channel is 
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Figure 6-1: Modal Boamforming for an I'ntilted Array in a Simple Chaiimd 








( 6 . 1 ) 



Here is the vertical wavenumber of the mode, given by 
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(b.5) 



The s(H*()iul expression in e(iii:ition (().!) provider aiiotlier iiit ('rpnM ni ion of 



modal l)(‘ainrorniino;. Tlu* \\(‘i«hting* of lln* arra\ ap(*riiin‘ 1>\ tli(‘ moth* shap(* is 
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Figure 6-2: Modal Beamforming for a Tilted Array in a Simple C’hannel 



equivalent to simultaneously forming 
horizontal and the other at angle —3., 




two plane wave l)eams, one at 
w here 




aiigh‘ 3 . to t lu‘ 

^ I 



( 6 . 6 ) 



The outputs of these two beams are then subtracted and i)r()perly scahnl to form llu‘ 
modal amplitude estimate. In equation (6.6) c- is the horizontal |)ha^(‘ si>ecd 
associated with the mode, whieh is related to the vertical wa\enumbcr by 




( 6 . 7 ) 
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This interpretation is not surprising, since the equivalence of each mode with a pair 
of plane waves is well established for this particular channel. 

Because the modal beam is no more than the sum of a pair of plane wave 
beams for this case, the modal beam can be expected to respond to energy 
traveling in either the upward or downward direction at a grazing angle of 3 .: 
further, this is true whether or not the energy is really being carried by the /'*' 
mode. Now, consider the effect of imposing a linear tilt on the array, which is 
illustrated in Figure 6-2. The tilt causes the plane wave beam pairs to be aimed 
away from the directions in which the modal energy is actually arriving. In fact, if 
the array tilts too much, then one or both of the equivalent plane wave beam'' can 
end up pointed in a direction where it detects the arriving energy of a neighboring 
mode instead of the energy carried by its own mode. Since it is obvious that the 
modal beamformer responds to this energvg one can readily anticipate severe 
distortions in the modal decomposition if the effective array tilt angle becomes too 
large. 

It is of interest to consider the effect of higher order sliajje terms from a 
similar viewpoint. Whereas the linear tilt term tends to redirect the e(|iiiv:ilent 
])lane wave beams, the presetice of higher order shape terms causes decre.ising 
amounts of mi.s-steering in the beam formation and incr<‘asing amounts of l)eam 
defocusing. Thus, the linear tilt approximation is probably better suited to the 
array shai>e modeling i)roblem than expected, since it retains the i)ortioii of the 
actual array shape that most significantly affects modal decotnposit ion. 
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Figure 6-3: Sensitivity of Vertical Array Modal Beamforming to 
Array Tilt (Synthetic Data at 30 Hz - First Realization) 
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Figure 6-4: Sensitivity of Vertical Array Modal Beamforniing to 
Array Tilt (Synthetic Data at 30 Hz - Second Realization) 
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Figure 6-5: Sensitivity of Vertical Array Modal Beamforming to 
Array Tilt (Synthetic Data at 47 Hz) 
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Array Tilt (Synthetic Data at 17 llz) 
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6.3 Examples of the Array Tilt Sensitivity in the Processing 

To highlight the sensitivity of modal beamforming to the assumed till nngle, 
several synthetic data sets have been created and processed with the multiple beam 
least squares algorithm described, in Chapter 5. The synthesized sound fields 
examined are similar to those used in the previous chapter, since each signal field 
has been generated by coherently summing contributions from the odd modes 
between mode 1 and mode 15. Each mode has been assigned a unit am|)litii<le and 
a random initial phase. Unlike the synthetic data presented in Chapter 5. though, 
the signals analyzed here have been created with constant, unmodulated modal 
amplitudes. The array has been assumed to be precisely vertical for the full huigth 
of each synthetic signal. The multiple beam least squares algorithm use<l to 
accomplish the beamforming is identical in all respects to that em|)loyed in the 
previous chapter. The window length and processing interval selections are abo the 
same. 

Figures 6-3 and 6-1 illustrate two different examples of the results for 
synthetic data sets at 30 Hz, while Figure 6-5 provides a similar examph* at 17 ilz. 
To dev(‘loj> these figures, the modal amplitudes for a single jirocessing window of 
data have been computed at a series of different assumed vertical array tilt angles. 
The resultant modal amplitude outputs have then been plotted as a function of the 
effective tilt angle assumed in generating them. As in Chapter 5, the vertical axis 
represents the mode number to which the amplitude data applies. Since the mode 
number axis really ranges over a discrete set, actual amplitude data occurs only at 
the integer mode numbers, where the black horizontal lines have been drawn. The 
contours display the variation of amplitinles on th(> mod(>-tilt plane for one 
l):irticiilar window of data. Results are i)rovid(‘(l for all 5 of the modes resolv.iblc 1>\ 
the vertical array at 30 Ilz and for the 7 moiles that c;m he distinguished .it 17 Ilz. 
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The horizontal axis indicates the effective tilt angle assumed in the beainforming. 
Thus, the vertical column of data at 0° indicates the true distribution of energy in 
the mode set (since the synthetic field is generated for a truly vertical array). On 
the other hand, the column of data at 1 ° indicates the modal distribution generated 
by the beamformer if 1 ° of mismatch is present between the actual tilt and the tilt 
assumed by the beamformer. 

All three plots vividly illustrate the variation in modal beamformer outputs 
that can occur when even slightly different vertical array tilts are a.ssiimed. .\s 
expected, the 0“ outputs accurately reflect the actual modal distribution present in 
the synthetic field. It is easy to observe the expected alternating arrangi-ment of 
deep nulls (at even tnodes) and strong peaks (at odd modes) at this tilt. .Mthough 
one is unlikely to encounter the full range of assumed tilt angles (±10 ) in practice, 
it is not unreasonable to expect excursions of as much as ±5 . The large variations 
of the modal amplitude estimates even within this smaller range of tilts show thaf 
knowledge of the actual tilt angle is necessary for valid modal decomposition. 

The synthetic data sets used to generate Figures 0-3 and 0-1 differ in only one 
respect, that being the initial phase relationships assumed IxUween the various 
modes making up the signal field. Both figures are included to demonstrate that 
the pattern of peaks and nulls generated is highly depeiuleiit on these phase 
r('lationships. A comparison between either of these figures and Figure 0-.^ shows 
that, as tiiight be expected, the processing becomes more sensitive to tilt angle at 
higher frequencies. Amplitude estimates for higher modes also exhibit giasater 
sensitivity than those for lower modes at the same freciiKuicy. If one wishi's to 
assure reast)uable accuracy in first mode atnplitude estimates, it ai)pe:irs that the 
array tilt must be known to roughly the nearest 1 . lAtimates at higher modes 

recpiire much more precise tilt data to be valid. 
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6.4 The Array Tilt Accuracy Required for Valid Modal Estimates 



Given the sensitivity of the vertical array processing to assumed array tilt, 
estimation of the accuracy required in the tilt angle measurement to guarantee valid 
modal decomposition becomes important. One simple approach to this problem is 
outlined here. From Figure 6-2, it is obvious that, for a simple uniform chanm‘1. the 
modal separation is certainly invalid by the time the array has been tilted far 
enough to cause one of the pair of ecjuivalent plane wave beams to point in the 
direction of a neighboring mode’s arriving energy. Adopting a criterion for \alid 
results of one half of this tilt leads to the expression 



- MIN. 





( 6 . 8 ) 



where the second half of equation (6.6) has been used to evaluate each of the 
grazing angles. The minimization must be conducted over all modes to be properly 
estimated. 



Equation (6.8) is strictly correct only for a hard bottom, constant sound speed 
channeb where the equivahuice of the mode to a pair of i)lane waves is (‘xaet. 
Applying it to more general channels requires further justification. Typically, (‘ach 
mode is ecpiivalent to a full spectrum of plane waves across vertical wavemimbiT 
space, rather than just the discrete pair considered lure. This spectrum can be 
calculated by taking the Fourier transform in depth of the mode shape. Iloweweus 
mode shapes often exhibit a sort of characteristic vertical wavenumlxu*, as can 
readily be observed by studying Figures 1-6 and 1-7. In such a case, llu' r(‘sullinii; 
wav(‘numlH*r sper-trum can lu' (‘xpecteul to show a sharp pecak near this 
charactirist ic vahuc It is not unrecisonablG to approximate siudi a spGrtrum by a 
pair of (hdta functions, which them compl(‘t(‘s the ideuit ifirat ion with an (‘([uivahuit 
l>laiu‘ wav(> pair. ^ ang and (iiedlis [Si] provide' se‘V(*ral (*xam|)h's of motlal spec tra 
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that confirm the presence of these strong wavenumber peaks in the central Arctic- 
mode set. 

There remains the issue converting the characteristic vertical wavenumber 
value for each mode into an equivalent grazing angle. This is trivial for a chanind 
of uniform sound speed, since it is easy to define a horizontal reference; any mode 
propagating in exactly the horizontal direction must po.ssess a horizontal phase 
speed of c^. The choice of a proper definition for the horizontal reference in a 
channel of arbitrary sound speed profile is much more subtle. Care in this matter is 
important, since the form of ecpiation (6.8) makes it sensitive to the choice of r||. 

The problem is often dealt with by making a "relative" conversion; that is. 
the difference in grazing angle between two modes is computed by arbitrarily 
assigning the role of to the mode having the lower horizontal phase speed. A 
simple numerical example is enough to demonstrate the flawed nature of such an 
approach. Assume that the phase speed of the first mode is l l-aO m/sec at a given 
frequency, w'hile that of the second mode is 14-55 m/sec. .Also assume that the 
reference phase speed associated with horizontal propagation is 14 10 m/sec. 'I'lien 
the actual difference between the equivalent grazing angles of the two modos i^ 
1.5°, whereas a value of 4.8° is given by the relative conversion method. W hile 
this level of accuracy may be acceptable for problems to which the relative 
conversion is typically applied, it is obviously inadequate for the present puri>oses. 

.A definition of (the horizontal phase speed associat(>d with ])ro]';igat ion at a 
grazing angle of 0°) is needed that is general enough to be applicable to a channel 
having an arldtrary sound speed profile. .Such a definition can l)e developi'd by 
identifying horizontal propagation with the mode having the smallest hori/oni;il 
phas<> speed. The mode possessing this property is always tin* "IK " mode, i.i-., tin' 
lowest order mode for tin- desired channel when both rnjid surface .-ind rigid 
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Figure 6-6: Horizontal Phase Speed for the DC Mode versus Frequency 

bottom boundary conditions are assumed. It is named the DC' mode Ikuh* because 
the resulting mode shape is constant with depth for a chaniud of uniform sound 
speed, and, thus, represents the DC' component of the resultant Fouri(‘r s(u*i(*s. Note* 
that this definition is consistent with the exact result derived above, since the |)lias(‘ 
speed of the DC’ mode for a channel of uniform sound si)eed is exactly ddif' 

phase spe(‘d of this mode for the sound speed profile of Figure 1-1 is plott(‘d vcu’siis 
frequency in Figure C-C. 

Table G-II has been computed from equation (G.8) and Figure O-O. It indicates 
the accuracy required in the array tilt measurenuuits if valid modal amplitiKh* 
estimat(‘s ar(‘ to be assured for tln^ mod(*s rt'solvabh* in tlu‘ IdCWI l\ v(‘rtical array 
(lata s(*i. It can Ix^ s(M‘ii that accuracies of b(*tt(‘r than 0.25 aia* oft^ai lUMshsl. 
These results agr(M» well with the tilt angle s(*nsitivi(i(‘s obs(‘r\(‘(l in Figur«"> ()-•> 
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through 6-5, where significant changes in the modal amplitude estimates can he 
observed over tilt changes of much less than 1°. The higher tolerance of the first 
mode estimate to tilt angle variations that was noted earlier appears to be due to 
the greater separation in phase speed between it and the other modes; this causes an 
equivalent increase in the tilt angle needed to alias the resultant amplitude estimate. 
A similar phenomenon can begin to be seen for the second mode at higher 
frequencies. Note that the accuracy requirements generally increase at both higher 
frequencies and higher mode numbers. This is in keeping with the observations 
made from Figures 6-3 through 6-5. 
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Table 6-II; Tilt Angle .Accuracy Hequiremeiits for the Flv.V.M 1\ 

\ ertical .Array 

From Tal)le 6-11. it can be seen that the tilt accuracies r(H|uir(>d to assure* 
pro|)er modal decomposition of the* received field are significatit ly smaller than the 
range* e>f tilt angles likely te> be* encemntereel in the fie*ld. 'riiiis, ve*ry ae-e-urale* ;irra% 
tilt measure*me*nts must be* maele e*ithe*r elire'cilv e>r inelire*e-t ly if .a \aliel nioel.al 
be'amfeuniing e*\pe*rime*nt is te> be e-e)iieluct(*e|. 'The* I'lv AM \\ ve*rlie-;il aira> lilt 
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accuracy requirements are probably typical of those found elsewhere, while in other 
situations somewhat larger ranges of tilt angle will be encountered. Therefore", it is 
reasonable to conclude that vertical array tilt monitoring must be considered as an 



6.5 The Effect of Tilt on Horizontal Arrays 

The sensitivity of the vertical array to array tilt is generated by a confluenee 
of factors; these factors tend to work in just the opposite fashion for liori/ontal 
arrays, making them relatively insensitive to array tilt issues. The first order effeet 
of ocean currents on a vertical array is the generation of a tilt across the face of the 
array. By comparison, the first order effect for a horizontal array is a uniform 
offset of semsors across the array, which has no influence on array performanee for 
far field beamforming. Some variation of individual sen.sor offsets is expected, but 
this is generally small when compared to the mean offset. Such variations may 
cau.se some degradation in horizontal array beamforiner performance at high<>r 
frequencies, where exact sensor position information is more critical. l]ven tin* 
fluctuations around the mean offset generate ikj real array tilt, since they tend to be 
randomly distributed across the array. Finally, because a horizontal array is 
e.ssentially being operated at endfire when used for modal decomposition, the 
algorithm itself can be expected to be relatively insensitive to tilt. However, it 
should be realized that it is exactly this endfire operation tliat limits the modal 
resolution of horizontal arrays in the first place. In general, then, array tilt does not 
appear to be as significant an issue for the horizontal arrays as it is for vertical 



arravs. 
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6.6 Recovery of Vertical Array Tilts from the Acoustic Data 

The conclusion that even small amounts of array tilt are important in the 
modal decomposition problem has major consequences for vertical array design. In 
a different way, it also is significant for the FR.AM I\' vertical array d;it:i to lu* 
analyzed here. Since no field measurements of vertical array tilt were taken during 
the experiment, one must devise a scheme to extract the effective array tilt from the 
acoustic data if further progress is to be made. The present section presents such a 
scheme for recovering the effective tilt angle. Such an approach is ol)\ iouslv tiot 
ideal; its ability to provide even approximate results is intimately linked to the 
underlying (luality of the data set. In the present instance, the high signal to noise 
ratio developed by the preprocessing (typically *20 to 30 dB) and the ('xcepiional 
stability of the received signals provide some hope that some reasonable till aitgle 
estimates can be made. 

To estimate the effective array tilt from the acoustic data, the residual error 
from the multiple beam least squares beamformer is evaluated as a function of the 
tilt angle assumed in the beamforming process. Eciuation (o.7) may l)e rewritten as 

''min p ' \ ■ I 

where the clepeiuU'iice on the assumed tilt angle \ has now been explicitly iiulicatiul. 
Additionally, the error in equation (6.9) has been normalized by the total scpiare 
pressure |)resent in the observed field, P'*' P, so that it now represents a fractional 
goodness of fit measurement. When is evaluat(*d across tlu' range of 

physically reasonable* tilt angles, a coiisiste*nt global minimum can typically be* 
(*xpecte*(l. The tilt angle* that ge*ne*rates ihis minimum can tln'ii be* ns<*d for tin* 
estimateel tilt of the array. The* unde*rlying assumption is that tin* l)(*amr(>riin*r is 
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better able to match the observed sound pressure field when using the correct array 
tilt angle than when working with any incorrect tilt value. 

It is important to review what the procedure just outlined accomplishes from a 
processing standpoint. The multiple beam least squares modal beamformer 
computes the set of complex modal amplitudes that produce the best fit to tin* 
observed pressure field for one assumed array tilt. The residual error is a measure 
of how well this “best fit'* actually matches the observed field. Note that th(‘ 
residual error is always smaller than the total square error generated by any otlu*r 
set of modal amplitudes at the assumed tilt angle. If the data is tinm proc(‘ss(‘d 
using the tilt angle which minimizes the residual error, the resulting s(U of 
amplitudes is guaranteed to produce a better match to the observed field than any 
other possible combination of modal amplitudes and array tilts. Thus, the 
minimized error philosophy, which forms the basis for the original l)eamf()rining 
algorithm, has been extended further to cover the array tilt angle. 

Synthetic data has once more been emi)loyed to study the performance of tin* 
scheme. One such result is displayed in Figure 6-7. Here the normalized rc'sidual 
error has been plotted as a function of assumed tilt angle and time. The normalized 
error has been plotted on a dB scale, so that the -10 clB line marks a 90^7 fit and 
the -20 dB line indicates a 99^7 fit, etc. As a practical matter, the normalized 
residual error has been computed as an average value over a two minute window of 
data, rather than instantaneously (as indicated in equation (6.9)). The computation 
has been made once each minute, giving a 50A^ overlap factor. This windowing 
procedure is icbuitical to that carried out for synthetic data throughout tin* th(‘^is. 

The synthetic data set from wdiich Figure^ t)-7 ha^ Ixmui cr(‘at(*(l is similar in 
most ways to thos(» pr(‘s(‘nted i)n‘viously. For the presiuit figuia*. mod<*s 1. .‘F ”>. and 
7 of tlu‘ 17 llz mode set have beiMi coluuamtly summed to geii(‘rate th(‘ signal fi(‘ld: 
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Figure 6-7: Normalized Residual Error as a Function of Tilt Angle 
for Synthetic Data at 47 Hz (No Excluded Modes Present) 
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Figure 6-8: Normalized Residual Error as a Function of Tilt Angle 
for Synthetic Data at 47 Hz (Excluded Modes Present) 
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each mode has been assigned an amplitude of unity. Ihilike the syntlietic„data .sets 
used in Chapter 5, the modal amplitudes shown here are constant and unmodulated 
over time. Rather, in Figure 6-7 it is the effective array tilt that has been 
sinusoidally varied over time. This variation occurs over a range from vertical to 
5° and back, and has an oscillation period of 3 hours (10,800 sec). Figure 6-7, 
therefore, covers the first half cycle of this tilt oscillation. 

Figure 6-7 demonstrates the ability of the tilt angle estimation scheme 
described above to properly track vertical array tilt over time. The minimum 
errors observed are in the -15 dB range, representing a 97‘"r fit of the synthelieally 
generated data. Note that the minimum error tracks the actual till of the array 
quite well as it swings away from the vertical and then back. 

Figure 6-7 is a highly idealized situation, for two reasons: a tilted line array 
possessing no higher order shape components has been assumed in generating the 
synthetic field; and only the seven modes included in the beainforim'r have been 
injected into the signal. While the effect of the [)resence of higher orch'r shape 
comp(>nent.s on the array tilt estimation process is difficult to quantify, the 
fundamental issue underlying it remains the aderpiacy of the linear tilt nu^del for 
array shape, which has already been discussed at some length. Figure 6-8 
demonstrates the effect of having significant amounts of signal energy carri<sl by 
modes not included in the beamfornier. Here, both the synthetic data ,and the 
processing used are identical to those of Figure 6-7, with the lone e.vception that 
inodes 9, 11, 13, and 15 have additionally been inserted into the signal field at unit 
amplitude. The presence of this extra energy in modes excluded from the 
luaimforim'r makes it more difficult for the algorithm to attain a good matc h with 
the obsc'ivc'd field at any lilt angle, which is reflected by tli<‘ imreasi'tl minimum 
residual error (8()‘ (' in Figure 6-8 versus 97^7 in I'ignre 6-7). It .aKo generate-, ;i bia-. 
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of about 2° in the resulting tilt angle estimate. While both the amount and 
direction of the bias are difficult to predict, its cause is not hard to explain. Even 
though some energy in the included modes is not accounted for, the biased tilt angle 
generates less residual error than the true tilt because even more of the energy in 
the excluded modes is allowed to leak into the result. The amount of the bias is 
directly related to the relative proportions of signal energy present in the modes 
included and excluded by the beamformer. The actual minimum error level 
achieved can be used as a measure of this effect. Processing that results in 
minimum normalized errors of much above -10 dB should be regarded with 
suspicion. 

6.7 Summary 

The least squares modal beamforming algorithm developed in Chapter o has 
been shown to be quite sensitive to sensor position errors, particularly when it is 
applied to vertical arrays. The effective linear tilt of the array away from true 
vertical appears to be the component of array shape that contributes most 
significantly to this sensitivity. Two reasons account accoutit for the effect. 'Phe 
shapes of long, heavy vertical arrays (such as the otie deployed dtiring the 1\’ 

.Arctic Experitnent) are composed, in a meati .s(|uare setise. primarily of low order 
components, such as constant translations, linear tilts, and parabolic shapes. Tit > 
zero order constant translation term has no effect on the beamforming problem, and 
may be completely removed by proper redefinition of the coordinate system. The 
first order litiear tilt term can be expected to account for the tnajority of the total 
scuisor position error, espeeially in strotig eurreiits whi-re tli(> sensor ofEots aro 
greatest. To demonstrate this concept, a tnoilel-l)ased notiotial sha|)e geiierate(| Idi' 
the l'R.\,\l l\ vertical array has been atialyz('(l using la-gauidre polynotniids. \Eo. 
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. the physics of the problem support the argument that the impact of the linear tilt 
component of the array shape on the modal decomposition process is more 
significant than that of higher shape components. This is because the array tilt 
causes each modal beam to effectively "point away" from the vertical directions in 
which that mode’s energ>’ arrives. By contrast, the primary effect of higher order 
shape components is only to defocus the modal beams. 

The above considerations have lead to the selection of a simple tilted line 
model for the true array shape. Such a model is also attractive because it allows 
the a.ssumed shape to be completely specified with a single parameter, the effective 
array tilt angle. This simplicity holds even when the three-dimensional nature of 
the problem is considered. 

The sensitivity of vertical array modal beamforming to array tilt has been 
studied both theoretically and through the use of synthetic data. A simple method 
has been developed to estimate the accuracy to which one must know the tilt angle 
if valid modal decompositions are to be assured. This method implicitly assumes 
that a rough equivalence exists between each mode and a corresponding pair of 
plane waves. The applicability of the resulting accuracy estimates is dependent 
upon the degree to which this equivalence holds in practice. The eciuivalciice may 
be tested qualitatively by examining the Fourier transform of each mode sliajx'-. if a 
single strong peak exists over some narrow range of vertical wavenumix'rs. then a 
reasonable equivalence exists. This appears to be the case for the central .\rctic 
mode set of C'hajrter 4. Processing results from .synthetic data have been utilized to 
actually demonstrate the sensitivity of the processing to array tilt. 

A|q)licatiou of this tilt accuracy estimation method to the 1 1\.\.\I IN vxilii-.al 
array shows that the array tilt must be known to about ±0 2') to gitarantoc 
tneatiingfitl modal se|)aratioti. d'hese resitlts are itt good agreement with tilt .angle 
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sensitivities demonstrated by synthetic data. They also correspond well to the tilt 
sensitivities observed in real data taken from the vertical array, which are presented 
in Section 7.3. 

Since no field measurements of vertical array tilt were made during the 
FRAM r\^ Experiment, a scheme has been developed to recover tilt values from the 
acoustic data itself. This scheme involves evaluation of the residual beamforming 
error as a function of the tilt angle assumed in the beamforming computations. The 
residual error is a measure of the difference between the the sound pressure field 
observed at the sensors and the field synthetically generated from the complex 
amplitude outputs of the modal beamformer. As such, it indicates how wtdl the 
outputs of the beamformer match the observed pressure field. Thus, the tilt that 
generates the smallest residual error is the one which best fits the observations, and 
may be assumed to be the actual vertical array tilt angle. 

Through the use of synthetic data, the tilt angle estimation scheme has been 
shown to work well when applied to high SNR signals. In making thi^ 

demonstration, an ideal linear shape has been a.ssuined for the array. The low SNK’ 
situation has not been studied, but it is expected that performance would be 
severely degraded under these conditions. The relative amount of signal (>nerg\ 
carried by modes not included in the multiple beam least scpiares algorithm ha^ 
be(>n shown to affect the accuracy of the estimate. When the contribution of these 
modes is negligible, the method can be expected to provide accurate estiiuati's; a^ 
the contribution becomes more important, a bias is injected into tin* estiiii.ite, 
leading to progressively poorer performance. When significatit signal <'nergv is 
resident in modes not included in the beamformer, higlu>r value's of the norm,ih/ed 
residual error are also generated, even at the* minimum. 'I'liis is Ix'causi' tin' 
l)eamfornuT has increasing difficulty in matching tli<‘ total fii'ld uilli just tlii' modes 
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available to it. Thus, the value of the normalized residual error at the miniimiui 
can be used as a guide to the accuracy of the tilt angle estimate. Fits of much le.ss 
than 90*^ (greater than -10 dB normalized error) should be considered to be 
suspect. 
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Chapter 7 

Data Presentation and Analysis 

The purpose of this chapter is to present the results obtained from ap|dyin«' 
the processing techniques outlined in Chapters 5 and 6 to the data set described in 
Chapter 3, based on the modal structure of Chapter 4. In so doing, a numbc'r of 
different hypotheses can be tested. First, the validity of the assumed modal 
structure can be established. Si'cond, the results of processing the vertieal array 
data can be compared to those generated from the more traditional horixonlal array 
processing, providing a qualitative measure of the vertical array processing 
performance. These efforts generate confidence in the computed mode prop<'rties 
and the processing performance, after which a full analysis of the implications of 
both the horizontal and vertical array results can be itndertaken. 

The processing output includes three different types of useful data. 'Die 
absolute tuode amplitudes are directly available. Their relative sizes pi'o\ide 
immediate insight into the nature of low frequency Arctic propagation, atid they eati 
be used to compute observed values of the modal attenuation coefficients. 
Comparison of these coefficients with predicted vahtes sheds light oti the channel 
parameters that most influence Arctic sound transmission. The time series of the 
amplitudes also provide some general indications of the temporal stability of the 
central Arctic channel. 

•Measurements of mode coherence provide data of a different type, and 
indicate whether the signal’s eomponetit modes are phase-randotii or phase-|orke(l 
with respect to each other, d'his data can be us(h1 to test tlu' uticorfelat(‘d multi- 
path assmnption that is widely itsed in theoretical devi'loptmuit''. 
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Finally, if the different modes do maintain a deterministic phase relatioiishii). 
then it is meaningful to measure the relative phases between various pairs of modes. 
These relative phase values provide a measure of the range dependence of the 
channel, since they represent an integration of horizontal phase speed fliictual ions 
that the modes have encountered during propagation (see equation (2.30)). Thus, if 
the measured values disagree with values predicted from the phase speed data of 
Figure -I-IO, then the channel must he assuiiied to show non-negligible variations in 
range; if the agreement is good, the simpler range independent channel model will 
suffice. 

This chapter is organized into five major sections, some containing multiple 
subsections. Following some preliminary comments, the horizotital array data 
processing results are presented and summarized, Tlie section is divided into four 
subsections: one deals with azimuthal beamforming and another with vertical 
steering. The third summarizes the results across the full data set. In the last 
sub.section. the predicted first mode horizontal phase speeds are compared with 
those observed from the horizontal array data, .so that the accuracy of the modal 
characteristics camiputed in C'hapter 1 can be a.ssessed. 

A similar section summarizes the results for the vertical array. 'I'wo 
subsections discuss the array tilt probhmi and the tilt angle estimat(‘s made with the 
procedure discus.sed in .Section 6.6. The third presents some typical modal 
amplitude levels versus time, while the fourth discusses observations of po^^ible 
array shape changes over titne that can be observed iti the data. 

Following this are three sections dealing with data analysis. The first of these 
sections investigates the modal amplitude data. One subsection cotnpare> the 

liorizotit.al and vertical array results. The second analyzes the observed modal 
attenuation coefficients versus theoretical predictions, and the last siil)sect ion 
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contrasts both sets of results with some shot data available for the same chniiiiel. 
The second section presents and discusses the mode coherence estimates made. I'he 
final section presents the relative phases observed between various modes. A 
summary of major points completes the chapter. 

7.1 General Comments 

Before commencing the actual presentation of processing results, some geii(>ral 
comments concerning the formats used and the processing paramet(*rs seleeted are 
in order, f'irst. all amplitude levels shown in this chapter are dis|)layed on a decilx'l 
scale referenced to units of absolute pressure (1 //Pa rms); conversion from the 
voltage levels measured has been done using the hydrophone sensitivitii-s (pioted in 
Figure 3-6 and Table 3-111. A logarithmic scale is also used for displaying residual 
error data; the values shown are 10 times the logarithm of the normalized residual 
error, as defined in Section 6.6. .An error level of -10 dB represents a lO'T error, or, 
equivalently, a 90*^ fit to the observed data, while a level of -20 dB represents a 
99‘7 fit. Phase data are presented on a linear scale from -180 to 180 : phase 
wrap is often observed, as only the principal value of the phase is displayed. 
Coherence measurements are presented in normalized form, .so that the values range 
from 0.0 to 1.0. 

On all plots, amplitudes or residual error values are marked with DB. Mode 
numbers (such as mode 1, mode 2, etc.) are denoted by MD, while horizontal i)liase 
speeds (in m/sec) are indicated by PV. DG is used for azimuth angles on plot> of 
horizontal array data and for array tilt angles on plots of vi-rtical array data. .Ml 
azimuth angles are measured with respect to the convention discussed in Section 
3.3; the tilt angles displayed are effective angles measured in tin* \ertic;il pl.ane of 
propagation (see Section 6.1). Where axes are indc\c<l by mode number, it is 
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important to remember that data only exists at the integer values: any markings 
between these discrete points, such as connecting lines on one-dimensional plots or 
contours on two-dimensional plots, have no physical significance and are included 
only to help in judging relative trends by eye. Where contoured data indexed by 
mode have been presented, overlying black lines have been added to the plot to 
emphasize its discrete nature. All levels plotted versus mode number are modal 
amplitudes. For the horizontal array, levels plotted versus horizontal phase speed 
are plane wave amplitudes, and differ from modal anijtlitude measureimuits by a 
factor equal to the size of the mode shape at the 01 m depth of the array, ddie 
necessary conversion factors can be found in Figure 4-8. 

Processing windows of 28.8 sec (18 points, providing a time-bandwidth 
product of 0.7) have been used for estimating the sensor cross-coherence matrices 
for horizontal array data. One set of beams is computed every 15 seconds, 
providing roughly a 50‘"c overlap factor. With some noted exceptions, vertical array 
data have been processed in 120 sec windows (75 points, giving a time-bandwidth 
product of 3.0), with a computation interval of 60 sec, again giving a 50W overlap. 
The very stable and coherent nature of the Arctic sound channel makes the 
difference negligible. No windowing functions (such as Bartlett or Hanning 
windows) have been employed in the processing. 

The 17.75 and 47 Hz frequency data from both the horizontal and vertical 
arrays have been chosen for display throughout the chapter, since they are 
reasonably representative of the results at other frequenci('s. This is done to allow 
direct comparison of the various processing results while limiting the chai)ter to an 
acceptable length. Results from other frequencies are pre>ented when they 
d(‘inonstrate unique features of interest. The most important results are 
summarized by tables or plots that span the full range of available fre(|uciicies. 
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7.2 Presentation of the Horizontal Array Processing Results 

The (lata taken from the horizontal array ha\^e been processed using both the 
single beam MLM beamformer and the conventional (single beam least s(|iiares) 
beamformer. In general, the MLM algorithm provides much higher resoluti(^n than 
the conventional approach, but does not produce reliable (plant it at ive 
measurements, because of the presence of coherent interfcTcnce. Quant it at i\c 
amplitude estimates of observed MLM peaks have been made by n'])rocessing the 
data using the conventional beamformer. This techni(pie works best when a strong 
single peak is present, and is considerably less reliable when closidy sj)aced multiple 
peaks of rotighly erpial height are present.. 

7.2.1 Azimuthal Beamforming 

Figure 7-1 displays the output of the single beam ML.M processor \ eiMis time 
for the 27 Hz tone from the horizontal array data set. F'or an assuimsl sound speed 
of 1150 m/sec, the beamfornrer siicce.ssively scans through .'500 beams s|)accd 1 
apart in horizontal azimuth angle. Note that although .'lOO beam outputs ar<' being 
evaluated at each time step, every beam is still lu'iiig computed individually: a 
multiple beam algorithm would compute a number of beams all with a single sot of 
matrix operations. 

For the azimuthal beamforming done here, the .Mi^.M proc(*ssor is prebuablc to 
the conventional beamformer for two reasons: it provides nitich higlu'r resolution: 
and it does a significantly better job of suppr(>ssing side lol)es. Quantitative lev(d 
measurements are not an i.ssue here. In Figure 7-1, the tonal signal is readily 
apparent at an azimuth angle of 85.1 . A low level sidelobe that is down about by 
about 8 (IB is visible at 270 . d'his is a back lobe generated by the north-south leg 
of the array, wliicdi is essentially liroadsid(> to the incoming signal. 
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Figure 7-1: Output of Single Beam MLM Beamformer Scanned 
in Azimuth for 27.00 Hz Tone (Horizontal Array) 
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By processing the data with beams spaced O.l" apart, one can resolve tin* 
source azimuth angle to about ±0.1 , an accuracy not achievable using a 
conventional beamforiner. For comparison, the navigation data pro\ide an azimuth 
angle estimate of 86.1° (see Table 3-1). The difference is well within the limits of 
accuracy of the array rotation measurements, which were made daily from the sun. 
Similar agreement is obtained for other horizontal array tones. 

With one e.xception, the tone is extremely stable over its full thirty minute 
duration. That exception is the fade that can be seen at the t20 sec mark. 'rii(“ 
fade appears to be caused by an instananeous shifi in the phase of the received 
signal, which in turn causes the signal frequency to walk out of the filter passband 
for a short time. In many respects, it is similar to the fade observed by 
Mikhalevsky [.S7]. Neither the azimuthal beamforming outputs nor the vertical 
steering .results (which are shown in Figure 7-2) display any noticeable difference 
between the spatial structure before and after the event. This observation argues 
against the assumption that the fade represents a shift in transmission path 
structure; some type of interruption of the source seems more likely. Background 
noise variations can be seen to occur in the absence of the signal and during the 
fade. These are procc^ssing artifacts caused by variations in the amount of white 
noise used to stabilize the cross-coherence matrix estimate. 

7.2.2 Vertical Beamforming 

Figure 7-2 shows the output of the single beam MLM |)rocessor versus time for 
the 27 Hz tone. I'nlike Figure 7-1, however, the Ireamformer now scans in the 
vertical at the previously determined signal azimuth. 'Fliis is accontplislied by 
stepping the beam's assuim'd horizontal phase* speed from 1 100 tn/scc to 1000 in/-'<*c 
ill 1 ni/sec increments, with the high(*r |diase spi*('ds corresponding to larger 
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Figure 7-2: Output of Single Beam MLM Beamformer Scanned 
in Phase Speed for 27.00 Hz Tone (Horizontal Array) 
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Figure 7-3: Output of Single Beam Least Squares Beamformer Scanned 
in Phase Speed for 27.00 Hz Tone (Horizontal Array) 
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equivalent grazing angles in the beams formed. The signal appears to be conipos(><l 
almost entirely of first mode propagation arriving at about 1460 m/sec. Such a 
result is expected, given the analysis of Section 4.5. If the attenuation of the 
various modes is assumed to be equal, the received level of the first mode at 01 m 
should dominate its neighbors by 27 dB (twice the value plotted in Figure 4-0). 

Figure 7-3 shows the same ‘27 Hz data processed in the vertical at the signal 
azimuth, but now using the conventional beamformer. By comparing this figure 
with Figure 7-2, one can obtain a feel for the resolution gains po.ssible wiih ihe 
MLM algorithm when it is applied in a carefully controlled fashion. Figure 7-3 is 
useful for measuring the the first mode's average received signal level (aboiii 01 <1B). 
and its fluctuation range (which appears to be no more than 1 dB). The compleie 
saturation of the beamformer output by the first mode arrival makes estimates of 
higher mode levels impossible. 

In Figures 7-4 and 7-5, the output of the single beam MLM ])rocessor is again 
presented versus time. Here the 17.75 Hz tone recorded on the horizontal array has 
been proces.sed, and the beamformer has been steered in the \<>rtical at llu' 
appropriate azimuth angle. The pl< Is indicate some of the practical difficullii's 
involved in properly as.sessing channel stability. Figure 7-4 was generated firsi, by 
including all 24 hydrophones available from the horizontal array in the 
beamforming. In an idfort to assess the nature of the fluctuation seen about half 
way into the signal, the jireprocessed time series data were carefully reviewi'd on a 
sensor by sensor basis. Three different sensors (not adjacent to one another) were 
found to exhibit abnormally high signal levids for short |)(>riods near tin* time of the 
disturbance, and have been eliminated as inputs to the beamformer in the results 
dis])lay('d in Figure 7-5. 'Phe jirevioiis fluctuation has now been eomi)leti'l\ 
eliminati'd. d'he causi' of t lu' fluctuations on tin* thre(> smisors is not imdeist 1 



-217- 




Figure 7-4: Output of Single Beam MLM Beamformer Scanned 
in Pha^e Speed for 17.75 Hz Tone (Horizontal Array) 
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Figure 7-5: Output of Single Beam MLM Beamformer Scanned 
in Phase Speed for 17.75 Hz Tone 
(Horizontal Array with 3 Sensors Excluded) 
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However, the signal level variations point more to a mechanical or electrical 
phenomenon than an acoustic cause. Such variations have also been observed in 
other data taken from the horizontal array. 

The results of Figure 7-5 are similar to those obtained at 27 Hz, and once 
again show dominant first mode propagation. This is in qualitative agreement with 
the preliminary analysis done in Section 3.12 for the 17.75 Hz tone recorded on the 
vertical array. The widening of the first mode peak in Figure 7-5 compared with 
Figure 7-2 is attributed to the loss of array directionality at the lower fre(iuenev. 

The final signal displayed from the horizontal array data set is the 17 Hz lone 
shown in Figure 7-6. This figure has again been generated from the output of the 
MLM beamformer when steered in phase speed at the signal azimuth. Note* the 
marked lack of a strong first mode arrival, which should apj^ear at a phase s|)eed of 
about 1-1-19 m/sec. Instead, the most intense arrival occurs near 1 180 m/^('c. and 
can be associated with the deepest diving RSR rays of the TRl.STKN/FR.\M 
channel (see Figure -1-12). Even this arrival is only marginally stronger than those 
seen at other phase speeds, though. The received levels appear to indicat(‘ a rough 
equi])artition of energ>' in the various modes; however, the array lacks sitffiei(>nt 
resolution in the vertical to make a definitive statement about the distribution of 
energy in the higher modes. In any case, the strong first tnode arrival seeti at lower 
freqtiencies has now disappeared. 

This result agrees closely with the initial atialysis of the 17 Hz totie frotn the 
vertical array done in Section 3.12, and is (ptite r(*markabh> when otie cotisidets that 
-17 Hz lies almost at the jn-ak of the relative advantage cur\e shown in Figure 1-9. 
The th(‘ory predicts that tin' first tnode shotild dotninat(‘ its m>ighbors by altiiost 60 
(IH if the attenuation is constant across all niod<‘s, which is in direct oppositi<m to 
the analysis complet(>d both here atid in Section 3.12. where it i> concluded th.it the 
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Figure 7-6: Output of Single Beam MLM Beamformer Scanned 
in Phase Speed for 47.00 Hz Tone (Horizontal Array) 
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variations of the received signal with depth can only be explained by the |)reseii< <' of 
a number of coherently interfering modes. The 53.25 llz tone from the horizontal 
array data set indicates similar low levels for the first mode. 

7.2.3 Summary of the Horizontal Array Processing Results 

Several important general observations can be made from the processed 
horizontal array data. An extremely stable channel has been observed at all 
frequencies in the data set below 70 Hz. Fluctuations in beamformer outputs oscr 
periods as long as 30 minutes rarely exceed I dB. The data api)ear to be s'‘i)ar,ab|e 
into two or. possibly, three regimes. The data below abotit -30 llz show the 
expected dominant first mode propagation. Despite the tremendous relative 
advantage possessed by first mode’s coupling to both the .source and the horizontal 
array, the data above 10 Hz show only very weak first mode propagation. In this 
frequency regime, the deep RSR rays of the channel appear to contribute marginally 
more to the total propagation than does any other path. While a strong first mode 
arrival is also seen in the region between 30 and -10 Hz, it is perhaj^s not as 
dominant as might be expected from the results of Sc-ction 1.5. This frequency 
region ajqnntrs to be a transition zone between the other two pnq)agation regimes. 
The primary source of this conclusion is the data from 35.25 Hz signal, which has 
not been displaced here. 

The vertical resolution of the horizontal array is inade<|uate to allow 
seitaration of the individual modes, even when the higher resolution .ML.M algorithm 
is emitloyed. .At fre(|uencies below -10 Hz, good (|uantitat ive estimates of the 
received level of the first niode can I)e made l)eeause of its relative strength 
comi)ari'd to other modal arrivals: this same doininaiiee i>rohibits estimates for 
higher modes at these fre(|uencies. 



,\t frequencies ,abo\e It) llz. nil mode les el 



- 222 - 

measurements are of questionable accuracy because of the lack of a doininani 
propagation path. 

The result at 70 Hz is a special case. While an investigation of the complex 
time series output from the preprocessor shows a signal of reasonable strength to be 
present, neither the MLM nor the least squares beamformers produce acceptable 
outputs. The inability to beamform this data effectively is attributed to the ^eii>or 
displacement problem discussed in Section 3.7. 

7.2.4 Verification of the Modal Structure 

The high resolution of the single beam MLM beamformer allows experimental 
observations of the first mode horizontal phase speed to be made for signal 
frequencies below 40 Hz. These measurements can then be used to verify the modal 
structure derived in Chapter 4. Figure 7-7 summarizes this data. Here, both the 
computed and the observed first mode phase speeds are plotted as a function of 
frequency. The error bars that are plotted with the experimentally determined 
values indicate the approximate width of the first mode peak seen in the ML.M 
processing output. With the exception of the 27 Hz result, the agreement between 
prediction and observation is more than adequate. The 27 Hz data point i> 
obviously out of line with both the computed results and the other exi>erimeni al 
data, but the cause of this disagreement is not understood. Since the pha>>e ^i)eed> 
are much more sensitive to environmental variations than the mode shapes, one can 
conclude from Figure 7-7 that the results presented in Chapt(>r 1 ade(|iiately 
describe the actual modal structure at the receiving arrays. 
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Figure 7-7: I'irst Mode Phase SjxM'd viTsus l'r(‘()ii(‘nev: ( '()m[)ari'>on of 
Horizontal Array Ohsrrv at ioii> with Th<‘or\ 
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Figure 7-8: Conceptual Relationship of the Different Ty])es 
of \ ertical Array Prf)cessing Outputs 



7*3 Presentation of the Vertical Array Processing Results 

In keeping with the discussion of Chapter 5. the data taken from the vertical 
array have been processed using a multiple beam least squares beamformiiig 
algorithm. Because this beamformer is a linear i)rc)cessor. tio bias issues ocetir. and 
the outi)ut levels are (piatit itat ively accurate. Of th(> two most critical .aspects ,.f 
this |)roc(‘ssing, the first, which is the niitnber of modes that can be included in the 
be.amformer at any p, articular freciuency. has been fully resohed in s,.(ii,,n .'> |() (see 
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Table 5-1). The other is the estimation of an effective array tilt angle for each of 
the different signals recorded on the vertical array, the practical details of which are 
discussed at some length here. 

Three different forms of output have been generated for each signal in the 
vertical array data set. One is a plot of the various modal amplitude estimates 
versus time for any assumed tilt angle. The second is a plot of the modal amplitude 
estimates at one particular time versus a range of assumed tilt angles. The^e two 
outputs can be thought of as being orthogonal cross-sections of a three-climeiisioiial 
amplitude function, the axes representing time, mode number, and array tilt. 'Fliis 
is illustrated in Figure 7-8. The third orthogonal cross-section would typically l>e a 
plot of the amplitude of one particular mode versus both time and array lilt. 
Instead, a somewhat more useful output is presented here to convey information in 
the third dimension. That output is the beamformer’s residual error verMis lime 
and assumed tilt angle. This parameter is more appropriate because it may lie 
considered to represent a projection or an integration of the amplitude data from all 
the modes into a single value which can then be plotted on the time-tilt surface. It 
is this integration effect across all the modes included in the beaniformer that allows 
the residual error plot to provide direct information concerning the tilt of tho arra> 
versus lime. 

7.3.1 The Sensitivity of Vertical Array Data to Array Tilt 

The sensitivity of the modal decomposition process to vertical array till li.as 
been demonstrated theoretically and by simulation in Sections 5.2 and t)..'b Similar 
sensitivity is experienced wlimi dealing with actual d.ata. :is seen in 1 igiires 7-0 .ami 
7-10. I’igiire 7-0 shows a plot of the modal am[)litu(le outputs from the multiple 
lu'am least s(piares Ixuimroriner plotted versus assuimal array till'' betueeii -10 .ami 
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Figure 7-9: Output of Multiple Beam Least Squares Modal Beamformer 
versus Array Tilt for 17,75 Hz Tone (Vertical Array) 
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Figure 7-10: Output of Multiple Beam Least Squares Modal Beamformer 
versus Array Tilt for 47.00 Hz Tone (Vertical Array) 
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10*". These results are computed from one particular 120 sec window of data 
centered on the 18,710 sec mark in the signal time series (the amplitude and pha.se 
time series of this signal are displayed for the different vertical array hydrophoiu's 
in Figures 3-11 and 3-12). The estimated modal amplitude levels for all thia'e 
resolvable modes are included on the plot. Even over just the range from -5 t(^ 5 

(the most likely region for the actual effective tilt angle), significant variations in 
the modal amplitude estimates can be found. These variations are as much as I dB 
for mode 1 and 10 dB for mode 3. 

Figure 7-10 show's similar results for the 47 Hz tone from the' vertical array 
data set; here, a total of seven modes can be resoh'ed. The 2 minute window of 
data used for this figure is centered on the 1760 sec point of the signal time s(‘ri(‘s 
(the time series for this signal can be found in Figures 3-0 and 3-10). The problem 
of tilt angle sensitivity obviously increases at higher frequencies; at any particular 
frequency, the estimates of higher order mode amplitiuh^s appear to vary more with 
array tilt than do those of lower modes. Note the deep nulls displayed I)v soim* of 
the modes at selected tilt angles; variations in amplittide of more than lo dB can be 
seen over tilt variations of just 1 in the i7 Hz restdt, for example. It is apparent 
that if one wishes to obtain accurate measurements of the various modal 
amplitu(b‘s, then estimates of the array tilt accurate to about ±0.2') mu^t l>e 
available. At lower fre(iuencies and lower mode numl)ers, this accuracy r('(|uireiueiit 
may be relaxed somewhat. It is also important to ol)serve that the s(‘iisiti\ity of 
amplitude measurements to assumed array tilt errors is quite d(q)endent on both the 
mode l)eing considered and the actual tilt value; a 0.1 change in array tilt is much 
more significant for some mode number/tilt angle combinations than for otlnu's. 

Figur(‘s 7-0 and 7-10 do provide (pialitatiNe information al)out the \arious 
modal amplit inh^s, eV(Mi without determining the actual arra\ tilt. This iiifnimiat ion 



can be extracted through the gross averaging of results over all possible array tills. 
The 17.75 Hz results indicate a strong first mode arrival relative tf> the second and 
third mode amplitudes; this is entirely consistent with previous conclusions for data 
at this frequency made in Sections 3.12 and 7.2. Similarly, the 47 Hz out|)iits of 
Figure 7-10 are in agreement with previous observations of a very low level 
amplitude for the first mode. This consistency generates confidence in both the 
operation of the beamformer and the validity of the observations. 

7.3.2 Determination of Vertical Array Tilt Angles 

Having demonstrated the sensitivity of the experimental results to the lilt of 
the vertical array, the next major step in processing the data is to make suffieii'iitly 
accurate estimates of the array tilt at various times. If in situ measiiretnenK of 
both the magnitude of the tilt angle and its direction in azimuth were available, 
then they could be employed to resolve the issue directly. Since no micIi 
measurements are available for the FR.AM FV Experiment, the alternative procedure 
outlined in Section 5.6 is employed here to make an estimate of the array till for 
each signal in the vertical array data set. This procedure involves minimization of 
the beamformer's residual error over the range of physically reasonable array tilt>. 
Recall that the multiple beam least scjnares modal beamformer computes the full set 
of complex modal amplitudes which best fit the observed .soiincl pressure fi(>kl. given 
one assumed effective tilt angle. The normalized residual error is the performance 
measure for this fit (i.e.. a measure of how good the fit really is). Even though tin* 
residual error is a scalar value, it should be remembered that its calculation is 
affected by the number of inodes included in tin' multiple beam algorithm. By 
selecting the assumed tilt angle to minimize the residual error, ilu' oiiipuis 
generatetl by the heainformer then form the s(>t of amplitudes that bfst fit the 
observed fiidd for any i)ossible array till. 
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Figure 7-11: Residual Error of Multiple Beam Least Squares Modal 
Beamformer versus Array Tilt for 17 .75 Hz Tone 
(Vertical Array with 3 Modes Included) 
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Figure 7-12: Residual Error of Multiple Beam Least Squares Modal 
Beamformer versus Array Tilt for 47.00 Hz Tone 
(Vertical Array with 7 Modes Included) 
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Figure 7-12: Residual Error of Multiple Beam Least Squares Modal 
Beamformer versus Array Tilt for 47.00 Hz Tone 
(Vertical Array with 7 Modes Included) 
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Indieations exist that the array may not necessarily be completely stationary 
over periods of longer than about twenty minutes; the discussions in Sections 3.12 
and 7.3.4 are germane. For the purposes of determining array tilt, however, any 
possible dynamic shifts in array shape over the signal’s duration have been ignored, 
so that one average value of the array tilt can be computed for the full length of 
each signal. This is done primarily for ease in implementing the software necessary 
to perform the processing. A secondary consideration is that the tilt angle 
estimation scheme appears to lack the resohition necessary to accurately track much 
more than the largest variations. 

Figure 7-11 shows a plot of the normalized residual error of the multiple beam 
least squares beamformer on the time-tilt surface for the 17.75 Hz data. Here, as in 
Figure 7-9, the three modes resolvable by the array at 17.75 Hz have been included 
in the multiple beam algorithm. The error values have been computed at every 
0.1° of array tilt in the range from -10 to 10’. The array tilt generating tin* 
minimum residual error is -0.15°. Data taken when the signal was off, as well as 
the data near the 17,400 sec point (when the airgun was active), have been excluded 
to avoid biasing the time average. The tilt that provides the minimum error is 
rea.sonably consistent over the length of the signal, and errors as small as -15 <1H 
(fitting 97‘( of the data) are achieved. The broad nature of the minimum pres(uits 
some difficulty. While a determination of the minimum point can be made to any 
desired accuracy, some question exists as to the physical relevance of that accuracy. 
From the nature of Figure 7-11, it appears that the minimum tilt angle is |)rol>al)ly 
known to better than ±1 , but that the 0.25 accuracy desired has not been 
achieved. 

I’igiire 7-12 illustrates a similar set of results for the 17 Hz tone, d'lie residu.al 
error computation now ineludes tlu‘ s(>veii iinxles r<'sol\ahle at this higher rr<'(|Uein\\ . 
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No value of array tilt in the expected range does a very good job of fitting the 
observed data; even the best fits account for less than 75^ of the signal energy 
(equivalent to a -6 dB error level). This result is believed to be due to the presence 
of significant amounts of signal energy in modes beyond the seven included in the 
beamformer. In the horizontal array data of Figure 7-6, such a distribution of 
energ}^ in the higher modes has already been demonstrated; the preliminary analysis 
of Section 3.12 supports the same view. Further, in Section 6.6, it has been shown 
that such a distribution would effectively disrupt the ability of the scheme to 
properly estimate array tilts. Thus, the results of Figure 7-12 should be intiTpreted 
as proving that the first seven modes form an inadequate model for e\|)laining the 
structure of the received field. 

The two error plots just presented are typical of those generated by the 
remaining signals in the data set. In general, the received fields for signals l)elow 
frequencies of about 10 Hz are adequately modeled by the modes that can be 
resolved with the FRAM I\’ vertical array; therefore, rea.sonalde estimates of array 
tilt can l)e generated from the residual error analysis for tlu'se tones. Miiiiiniiin 
residual errors of less tlian -10 dB (better than a 00'7 fit) are ty|)ically achieved for 
these signals. The minimum can normally be determined to an accuracy of better 
than ±1 for these data sets, but the desired 0.23 accuracy appears imachieval)le 
with this nu'thod. Based on Table 6-11, the technique probably provides accurate 
first mode results and partially accurate second nnule results. The reliability of 
second and third mode ami)litiide estimates can be expected to improve somewhat 
at lower frequencies for two reasons: the sensitivity of the estimates to tilt angle 
decre.ases; and the residu.al error plots for these fre(iiteiicies teiul to provide belter 
array tilt data. 

By contrast, all of tlu“ signals above It) 11/ in fiaapieii' N provide r<‘siillN similar 
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to those shown in Figure 7-12, making even a rough estimate of array tilt 
impossible. Additionally, analysis of the 35.50 Hz signal, while producing a 
respectable minimum error, generates a double minimum several degrees apart. 
Therefore, no reliable tilt angle estimate can be made for this tone either. 

The array tilts measured by the residual error minimization technique and the 
corresponding minimum errors achieved are listed in Table 7-1. The best available 
fit generally becomes poorer with increasing frequency. The excellent fits achieved 
at the lowest end of the frequency spectrum must be at least partially altriluited to 
the range dependence of the channel, which tends to suppress propagation of in.ui\ 
of the modes that cannot be resolved by the array at the lower frequencies. .Note 
that the tilt angles are reported to the nearest 0.05° only because the beamfonning 
algorithm requires an input of infinite precision. 



Frequenev 


Minimum 

Error 


Corresponding 
.-\rrav Tilt 


.\rray Tilt 
Assumed in 
Processing 


15.00 Hz 


-17 dB 


1.70 


2.05 


17.75 Hz 


-14 dB 


-0.15 


-0.15 


20.00 Hz 


-12 dB 


2.95 


2.05 


23.50 Hz 


-10 dB 


2.70 


2.30 


30.00 Hz 


-11 dB 


1.40 


2.05 


35.25 Hz 


-12 dB 


-1.05 


- 


35.50 Hz 


-9 dB 


- 


- 


47.00 Hz 


-4 dB 


- 


- 


53.25 Hz 


-4 dB 


- 


- 


55.00 Hz 


-5 dB 


- 


- 


71.00 Hz 


-7 dB 


- 


- 



Table 7-1: Results of the .Vrray Tilt h°stimatioii Proce(lure 



.\s nnMitioiu'<l abo\'e. the residual error analysis docs not pi'ovidc the till angle 
precisely enough to aeeurat(>ly estimate all of the modes that are res(i|\able b\ ilie 
vi'rtical array. The tilt estimates may be refined further b\ eomji.aiing .and 
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averaging the angles estimated from tones broadcast consecutively. Such an effort 
also contributes by providing an independent means for checking the accuracy of 
the tilt angle estimation process. A review of Table 3-FV, for e.xample, indicates 
that the 15, 20, and 30 Hz signals were all broadcast within one hour of each other. 
It is reasonable to expect that their array tilts should be approximately equal. This 
is in fact the case, with the largest difference between any pair of the three being 
only about 1.5°, implying an accuracy of roughly 0.8 in these three tilt angle 
measurements. Assuming that the array did not move significantly over the course 
of the hour during which the three tones were broadcast, the accuracy of the till 
estimate can be improved by averaging the three individual findings. This yields a 
tilt angle estimate of about 2°, which is the value that has been used in the 
subsequent processing for alt three signals. 

The 17.75 Hz data was not taken concurrently with any other signal in the 
data set, so there is no way of verifying its estimated tilt angle. The 35.25 llz"d.ala 
was taken just after the 23.50 Hz signal: a comparison between the array tilt 
estimates for these two cases is not very favorable, though, since a difference of over 
■4° is found. Both residual error plots show minimum error till angh‘s ihal are 
reasonably stable over the length of the signal. It is hardly likely that the array 
demonsirated a constant tilt for the 55 minute duration of the earlier signal, and 
then moved 4 in tilt during the 5 minute pause between signals before oiu-e more 
becoming stationary for the full duration of the second signal. It is more reasonable 
to suspect that at least one. and possibly both, of the f'stimates are l)eing biased by 
signal energy in the unresolvable modes. .Such an elTecI has been demonsirated 
with synlhcUic data in Figure 5-8. The horizontal array lU'siills of the pre\ioiis 
section iiiq)ly lhal the 35.25 Hz result is probably the less reliable of the luo 
estimates. 'Pluu'el'ore. no till angle h.as br“en assigned for siibse<|ueiit proces-^ing of 
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this tone. In consideration of the 35.25 Hz result, however, a small correction has 
also been made in the tilt angle assumed when processing the 23.5 Hz data. 

7.3.3 Time Series of the Modal Amplitudes 

Figure 7-13 displays the modal amplitudes as a function of time for the three 
modes resolvable by the array at 17.75 Hz. These levels were computed a.ssuming a 
tilt angle of -0.15°, as indicated in Table 7-1. The results shown here are in 
agreement with the amplitudes shown in Figure 7-9 for this lilt angle. The 
amplitude of the first mode is about 113 dB re 1 /iPa; the .second mode amplitude is 
7 dB below this. The relative amplitudes of the first and second modes thus agree 
with predicted values, assuming that both modes are attenuated eciually. TIk' 
amplitude of the third mode when compared with the first two is somewhat more 
problematic. The measured amplitude is 5 dB lower than that of the second mode, 
while approximately equal levels are expected. This error can best l)e e\|)lained by 
referring back to Figure 7-9. At an assumeil tilt angle of -0.15 . the third mode 
estimate lies in a region of high sensitivity to lilt angle, so that e\ (>n sm.ill ( lianges 
in the a.ssumed array tilt can greatly alter the beamformer (Uilput. d'hese results 
support the (>arlier conclusion that at these fre(|uencies, the array lilt is knoun well 
enough to accurately determine at least the first two modes. 

Only about 1 dB of fluctuation is seen in Figure 7-13 for both the first and 
.second mode estimates over the 55 minute duration of the signal (not iii( luding the 
p(>riod of the airgiin blast). These levels are in agreement with those s(>en in the 
horizontal array data. The seemingly large contour variations over time .are due to 
the fact that only three' data points are represenlc'd along the \erlic.il .axis. 
I'liicl nations in the third mode amplitude are oidy a lillh' larger. perha|)s 2 dB 
'riiis observation provides a strong iiidiralion that tlm arra> was I'ssmit lallv 
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Figure 7-13: Output of Multiple Beam Least Squares Beamformer 
versus Time for 17.75 Hz Tone (Vertical Array) 
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stationary for the duration of the signal, since even small amounts of array 
movement would generate large fluctuations in the highly sensitive third mode 
estimate. 

For the signals with frequencies of 30 Hz and below, rea.sonably reliable array 
tilt estimates have been made; hence, reliable time series of the modal amplitudes 
can be obtained. All the time series show a dominant first mode structure, which is 
in general agreement with the horizontal array results. The fluctuation levels 
observed in these time series are also often comparable to the levels seen in the 
horizontal array data. In certain instances, more significant fluctuation levels are 
observed. The time scales associated with these larger fluctuations an* almost 
always larger than 10 or 20 minutes. Since it is hypothesized that the cau.se of these 
variations is vertical array movement, they are taken up in the following section. 

Since the array tilt cannot be determined for the vertical array sign.ils with 
frequencies greater than 30 Hz, valid time series results cannot be generated. The 
best that can be done is to a.ssign a number of different tilt angles on a ])ro\ isional 
basis and then to examine the results, realizing that the absolute modal amplitudes 
are inaccurate, but po.ssibly allowing some general conclusions to be drawn, 
particularly about signal fluctuations over time. The modal time series generated 
by this procedure show a pattern similar to that seen at lower fre(juencies. Some 
signals show only very little fluctuation, and when larger variation is ob.served over 
time, it is invariably associated with the time scales of longer than 10 minutes. 
These also are discussed in the following section. 

7.3.4 Possible Array Movements Seen in the Vertical Array Data 

Sevt’r.al of the signals Ijelow .30 Hz have indication'' of pos.sible array 
movement over the duration of the signal. One such example is the 23..') 11/ tone. 
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Figure 7-14: Residual Error of Multiple Beam Least Squares Modal 
Beamformer versus Array Tilt for 23.50 Hz Tone 
(Vertical Array with 4 Modes Included) 
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Figure 7-15: Output of Multiple Beam Least Squares Beamformer 
versus Time for 23.50 Hz Tone (Vertical Array) 
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The residual error plot for this signal is presented in Figure 7-14, while Figure 7-l-> 
provides the modal amplitude time series data for the signal for an assumed array 
tilt of 2.30°. The amplitude time series show a small (but consistent) trend over 
time; the first and second mode amplitudes tend to increase slightly, while the third 
mode amplitude decreases. This drift is also reflected by an ecjuivalent trend in the 
residual error data, which shows about a 1° change in the minimum error tilt angle 
over the hour duration of the signal. These variations may be due to cliango in the 
array tilt over time, or they may be actual fluctuations caused by changes in the 
acoustic transmission path. I'nless actual array tilt measurements are availal)le. the 
two effects are fundamentally inseparable. Certainly, the data presented here does 
not preclude either explanation. However, the consistency of the residual error 
result over time suggests that at least some of the variations observed here are flue 
to array movement during the signal. It is important to observe that the variations 
under discussion appear to have time scales in the 10 to 20 minute r.ange. and that 
there is no evidence of significant fluctuations possessing significantly shorter time 
scales. 

Although it is not possible to obtain accurate modal amplitude results in ;iii 
absolute sense for the signals that are above 30 Hz in frequency, the stal)ilit\ of 
these signals over time can be assessed in a qualitative fashion by (•onq)uting the 
modal deconq)osition for an arbitrary tilt angle. For such a situation, the outputs of 
the beamfornier can be expected to be constant over time if no significant temporal 
fluctuations are present in the sound field. When this is done, many of the signals 
above 30 Hz demonstrate a considerable amount of long term variation in the 
resultant modal amplitudes. It is even more diffieiilt to asse.ss the meaning of these 
long term flnctnations than it is for those present in the lower freciueiicy data, since 
meaningful residual error ainilvsis is not available. 
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In summarizing the issues of fluctuations and array movement in the modal 
amplitude time series generated by the vertical array, it can be said that the short 
term amplitude fluctuations observed (those with time scales on the order of 
minutes) are small, and roughly equivalent in size to those seen in the horizontal 
array data. Some longer term fluctuations, of time scales that are great <‘r than 10 
or 20 minutes, have been observed in the vertical array data. .\ definitive 
separation of these variations into array movement effects and lU'opagation i>ath 
fluctuation effects is not possible, due to the lack of field measurements of vertical 
array tilt angle over time. Two observations provide circumstantial evidence that 
at least the fluctuations in the lower frecpiency tiata (that at .‘50 llz and below) may 
be primarily related to array movement. The first is the nature of the residual 
error analyses available for the low frequency data; tlu>se analyses are consistcmt 
with the array movement explanation. The other is the lack of any similar 
fluctuations in the processed outputs of the horizontal array data, which indicate 
that the phenomena are probably array specific. Long term fluctuations in vertical 
array modal amplitudes for frequencies greater than 30 Hz are similar to those 
below 30 llz; reliable residual error analyses and comparative horizontal arra> data 
are lacking for these signals, though. 

7.4 Modal Amplitude Analysis 

The absolute modal amplitude estimates available from the beamformers can 
be exploited in two ways. The values generated from the vertical array data by 
modal beamforming can be compared to those made with more standard j)lane wave 
techni<iu<‘s employed with the horizontal array clata iti ordt'r to (|iiant it at ively V(‘i ify 
the consistency of the two niethotls. d'his must l)e accom|)lishc(l with first mode 
data, since the horizontal array cannot provide accurate amplitude c>iimal<'s for 
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higlier order modes. Also, the comparison of observed levels to those predicted from 
propagation theory provides insight into the unique nature of long range 
propagation of low frequency sound in the central Arctic, and allows exi)erimental 
measurements of modal attenuation coefficients to be made. 

7.4.1 Comparison of First Mode Amplitude Estimates from the 
Horizontal and Vertical Arrays 

Figtire 7-16 summarizes the estimates of the first mode amplitude> verMi> 
frequency for both the horizontal and vertical array data .sets, ^\’hen tlu' two 
groups of results are compared, it can be seen that the horizontal array values 
uniformly e.xceed the vertical array levels by about 1 dll over the 15 to 30 llz rang'-, 
the region in which both sets of estimates are most accurate. The lack of accurate 
array tilt estimates make the vertical array results outside this range less reliable; 
the values shown for the horizontal array at 47 and 53.25 Hz are al.so quest ional)le. 
since the first mode no longer dominates in these signals, f’or this reason, the data 
points at these frequencies have been connected with a dotted line. The 1 dB 
difference between the two sets of results appears to have two causes. ,\ slight 
mismatch between horizontal and vertical array hydrophone sensitivities accounts 
for about 1 or 2 dB of the difference. The remaining 2 dB error is due to the 
slightly different propagation paths over which the two sets of signals were 
transmitted. .Although the signals in each data set were grouped fairly closely in 
time, eight days elapsed between the last horizontal array data and the first vertical 
array data studied here. Note, however, that the i.ssue is not merely one of range, 
as the TBlSd'ICN/FR.A..\l range for the horizontal array data (265 km) was actually 
slightly larger than that for the lower level vertical arr.iy data (25 1 km). 
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Figure 7-17: Stiminnry of Second Mode Ani|)lit tide McnMircineiit^ 
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7.4.2 Modal Attenuation CoefTicient Measurements 

In addition to the data described above, Figure 7-16 also shows two other 
types of information. The amplitudes of the first mode estimated from vertical 
array data at higher frequencies are presented in a different fashion than those at 
lower frequencies. Since no accurate estimate of array tilt is available at these 
frequencies, the range of amplitudes generated by all possible array tilts between 
-4° and 4° is displayed instead. The actual markers that are connected by tlie 
dotted line indicate the first mode levels for one subjective estimate of the actual 
array tilt. While this data is much less accurate than the lower frequency results, 
the ranges do provide valuable information about the general trend of the ami)litude 
with frequency. 

Also presented is the amplitude of the first mode as a function of freciueiicv at . 
a range of 254 km for an ideal horizontally stratified channel (i.e., geometric 
spreading with no attenuation mechanisms present). Figure 3-.5 has been used as 
the source spectrum in computing these levels. The difference between this curv(> 
and the experimental r(‘siilts indicates the attenuation loss for the first mode as a 
function of frecpiency. It is obvious that an attenuation mechanism is at work in 
the sound channel, and that it gets (juite severe at higher frequencies. The 
attenuation is the cause of the unexpectedly low first mode amplitudes seen aI)ove 
40 Hz in the data. 

Figures 7-17 and 7-18 summarize similar restilts for the second and third 
modes, res])ectively. .Again, the effect of the attenuation mechanism can be seen, 
particularly at the higher frecjiiencies. .Note that the measured modal am|)litudes 
for tlu' higher modes dis])lay greater scatter than do those for the first mode; this is 
indicative of the increased sensitivity to array tilt errors that the modal 
beamforining proce.ss exhiltits at higher order modes. 



First Mode Attenuation at 254 
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Figure 7-19: First Mode Atteiuintion - ICxperinieiit ;il and l’redictc(l 



Second Mode Attenuation at 254 
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Figure 7-20: Second Mode Attenuation - lAperimental and Predicted 



Third Mode Attenuation at 254 
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Figure 7-21: Third Modi* Attcniint ion - lAporimcnlal and I’rrdicti'd 
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To characterize the modal attenuation further, Figures 7-19, 7-20, and 7-21 
have been included. In these plots, the actual attenuation experienced by the first, 
second, and third modes is displayed as a function of frequency. Vertical array 
results at higher frequencies are again plotted as ranges connected by a dotted line. 
The data is plotted on a scale of total attenuation at 254 km; equivalent attenuation 
coefficients can be recovered simply by dividing the dB levels by this range. 

Experience [25] suggests that the cause of the attenuation is the rough ice 
canopy; a comparison of the throe plots supports this supposition by demonstrating 
directly that the attenuation mechanism is located in the surface duct of the central 
Arctic profile. Such a conclusion can be reached by noting the relationship between 
the onset of severe attenuation and the mode number. In Figure 7-19, the 
experimentally determined attenuation for the first mode is seen to be strongly 
increasing, even at the lowest frequencies in the data set. By comparison, the point 
where attenuation becomes significant is delayed somewhat in frequency for the 
second mode (Figure 7-20), and even more for the third mode (Figure 7-21). 
Typical frequencies for the onset of severe attenuation are 30 Hz for the second 
mode and 50 Hz for the third mode. These values correlate well with the 
frequencies at which the various modes transition into the surface duct, as discussed 
in Section 1.5.2. From this, one can conclude that the attenuation mechanism inu^t 
be located in the surface duct, making the rough ice surface a prime candidate. 

Figures 7-19 through 7-21 also include plots of predicted modal attenuation 
versus freciuency for two different rough surface scattering theories. Both ee.ses 
assume a rough pre.ssure release boundary at the ice-water interface. The statisti<s 
of this boundary are assumed to be those given by DiXapoli and Nhdleii [25], as 
discn.ssed in Section 1.3. The simpler case is the well known Kirddioff 
approximation, for which the attenuation coefficient of the /'*' mode e.iii be 



compvited from 








(7.1) 



Here a is the surface roughness (taken to be 2 m) and Cq(0) is the sound speed ot the 
surface, while ?^'(0) is the slope of the mode’s normalized shape function evaluated at 
the surface and is its horizontal phase speed. The other case is the full method of 
small perturbations (MSP) solution, as developed by Kuperman and Ingenito [17]. 
In this development, the modal attenuation is shown to be 



-^,-( 0 ) 









where 




(7.3) 



In equation (7.3), P[k) is the two-dimensional spectrum of the rough surface (here 
given by ecpiation (4.1) w'ith an assumed correlation length of 44.8m), and « is a unit 
vector in the direction of propagation. The integration is carried out over a full 
range of vectors tj in the horizontal plane. Details of the derivations of l)oth thes(> 
results can be found in [47]. It is important to note that l)oth contain factors that 
include the square of the slope of the mode shape evaluated at the surface, a lerin 
which is not present in the more familiar plane wave scattering results, and. hence, 
often overlooked. These factors reflect the ability of the ice to scatt(*r modes with 
their energy concentrated near the surface more strongly than those with their 
energy concentrated at dee])er depths. 

d'he attenuation predictions of both inoilels for tlu' first (hree mode" h,i\i- 
Ix'i'ii ploltt'd in Figures 7-19 through 7-21, respeciivcdy. ddie .agia'ement of ilie 
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experimental data with the Kirchhoff approximation is uniformly poor. On the 
other hand, the attenuation results predicted by the MSP match the first mode data 
quite well, and the second mode data somewhat less exactly. !t is possible to 
speculate that the poorer second mode fit is caused by the scattering of first mode 
energ}' into the second mode by the ice. In general, any scattered energy 
redistributes itself across the modal spectrum. If significant amounO of motion were 
present at the surface, the scattered energy could be expected to be temporally 
incoherent when compared with the transmitted signal. For the Arctic, though, it 
appears reasonable to model the rough surface as being essentially stationary over 
time, so that an scattered energy would still be coherent with the spi'cnlar 
transmission. Much of the scattered energy' is lost into higher order modes that do 
not propagate well in the channel; however, a considerable percentage can be 
expected to end up in the lower order modes. In fact, the second mode will 
normally receive the largest share, since modal coupling is typically strongest 
between neighboring modes. In the 30 to 60 Hz frecpiency band, the first modt' 
excitation exceeds that of other modes by 15 to 30dB (see Figure 1-0). Thus, eiu'igy 
scattered from the first mode into the second mode may l)e significant when 
compared to second mode excitation levels, even tlunigh the coupling coefficient 
it.self is negligibly small. Under such circumstances, the attenuation (‘xperienced 1)V 
tile second mode would appear to be reduced, as is the case in Figure 7-20. 

The MSP also appears to fit the third mode data (Figure 7-21) reasoiialdy 
well, although there are hints of a phenomenon similar to that of the second mode 
in the 71 IIz data point as well. It must lie remembered that the third niodt> data is 
prolialily only partially resolved at best, due to the inability to estimate the array 
tilt angle to sufficient accuracy. .\s might be expected, the third mode data display 
l(‘ss consistency than those of the other two modes. 
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Figure 7-22: Sonogram of Explosive Shot Transmitted Over the 
TRISTEN/FRAM Channel as Received on 90 m Hydrophone 
of the Vertical Array (300 ft Source Depth) 
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7.4.3 Comparison with Shot Data 

It is of interest to contrast the horizontal and vertical array data results just 
presented with data taken from an impulsive source broadcast over the same 
channel. This exercise confirms the horizontal array modal received level 
measurements directly and the vertical array results indirectly. It also generates 
insight into the relationship between the results of two data sets. 

Figure 7-22 displays the sonogram of a shot set off at 300 feet and then 
transmitted over the TRISTEN/FR.4M sound channel. The sonogram is a plot of 
received level versus frequency and time, and is generated by computing a se(|iience 
of very short length spectral estimates from the time series output from a single 
hydrophone, in this case the 90 m hydrophone from the vertical array. The re^ult^ 
shown here were generated using a Burg spectral estimation technique to provide 
greater frequency resolution in the 250 msec window length used. A new spectral 
estimate was completed every 100 msec. The original time series for this shot has 
already been presented in F igure 1-2. 

The peak marked with a dotted line is the first mode arrival, corresponding to 
the long tail of the signal displayed in Figure 1-2. This can be sliown from a 
comparison of the measured dispersion characteristic with that expected of tlie I'irsl 
mode. Note that the received level of the first mode arrival is quite strong and is 
reasonably flat versus frequency up to about -10 Hz, after which it almost completely 
disappears. This is exactly the effect that has been demonstrated in the horizontal 
array tonal data which, in turn, have been shown to be in quantitative agreement 
with the vertical array tonal results in Figure 7-15. In retrospect, the strong drop in 
the received level of the first mode in both the horizontal array data and (he shot 
data can l)e seen to be a combination of two effects. The first mode exhibits some 
attenuation even at the lowest fre(|uencies in the data set, and this attenuation 
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increases rapidly at higher frequencies. Below 10 Hz, this attenuation is offset by 
the increase in size of the mode shape at 91 m, which causes both the source and 
the receiving hydrophones to couple to the first mode with increasing efficiency. 
The tw'o effects almost cancel themselves, making the first mode received level 
appear relatively flat over this frequency range. Above 40 Hz the size of the first 
mode shape at 91 m stops growing with frequency (as is seen in Figures 4-8 and 
4-9). The balance between the two effects is lost, and the now severe first mode 
attenuation dominates the remaining results, causing the very quick drop in first 
mode received level that is seen in the data. 

7.5 Mode Coherence Measurements 

The results of the previous section indicate that the modal beamformer is 
performing reasonably well for frequencies of 30 Hz and below, where reliable array 
tilt estimates are available. This means that meaningful estimates of the cohcreiKa* 
between the various modes can also be made. The results of these colu'reiKe 
measurements for the vertical array signals below 30 Hz are given in 'Fable 7-11. 
The window of data extracted from each signal to make the coherence estimate is 
the longest uninterrupted period available; the lone exception to this is the 23.5 Hz 
data, where the processing software limits the number of data [>oints used. .\ir gttti 
blasts, such as the one imbedded in the 17.75 Hz data, and other anomalies have 
been avoided so that the results would not be biased by invalid data. 

The resultant coherence estimates are striking because of their uniformly large 
vahi(>s. For all intents and purposes, these results show that the central .\rctic 
chatiiK'l can be cotisidt'red to be a completely deterministic iiKHlium iit titne. atid 
that all the different source-receiver propagation paths are completely pha>e locked. 
'Flu* flight variation tli.at does exist between results appe.irs to be strictly an issue of 
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Table 7-EI: Mode Coherence Estimates for the \’ertical Array Data 

SNR. The low levels of coherence in all pairings that include the third mode at 
17.75 Ilz, for example, can be explained by realizing that the third mode amplitude 
is far enough below that of the first mode to allow the background noise level to 
exert a small amount of influence in the coherence estimate. Since confidence 
intervals for coherence estimates very close to unity are also nuite tight [13]. the 
estimates are guaranteed to be quite reliable from a statistical viewpoint. 

\\ Idle true coherence measurements cannot be made for vertical array signals 
above 30 Hz, gross averages of observations over many different assumed array lilts 
are again possible. Like the lower frecjuency results, the modes at the higher 
frecjiieiicies also ap[)ear to be almost completely coherent. .Mode's that appear 
incoher(‘Ut for a given tilt angle can normally be explained by an SNI? argument. 
On the average, some small amount of coherence degradation can be .seen at the 
higluT fr(‘(iueiici(‘s, indicating that iip])er limits in both frecjuency and averaging 
length (exist, beyond \shich the present r(‘sults are not valid. T\[)ieal coherenc(‘ 
values ar(‘ about OdU) for tlu* 17 Ilz data, and roughly 0.02 for ilie 71 11/ data. 
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conipared to values of 0.99 seen at lower frequencies. None the less, these coheri'iice 
levels are close enough to unity to conclude that the present experiment only covers 
a fraction of the frequency/duration space over which these conclusions are 
applicable. 



hor scale: 200 sec / tick vert scale: 45* / tick 





Figure 7-23: Time Series of the Relative Phases of \’arious 
Mode f’airs for 17.75 Hz Data 



7.6 Relative Phase Measurements for the Vertical Array Data 

The high levels of coherence just demonstrated between the various modes 
indicate that their relative phases should be very stable over time. This is the case, 
as is seen in Figure 7-23. The three time series dis|)laced represent the variation^ of 
the relative j^hases with time for the three possible p;iirings of the modes resoUable 
at 17.75 Hz. .\s exi)ected, the relative ph.ises are s('eii to lie e\trenud,\ siabh- o\(>r 
the full 55 minute duration of the signal. The mode 1-2 pair is the most slabh*. 
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demonstrating not more than a few degrees of fluctuation over the course of the 
signal. The somewhat larger fluctuations in the pairs involving the third mode 
reflect the same SNR issue discussed in the last section. Since the value of the 
mode 1-3 pair is very near to 180° , a large amount of phase w'rap is visible. 

Table 7-III gives the experimentally measured relative phases for all possible 
pairs of resolvable modes at frequencies below 30 Hz. The signal durations used to 
compute these values are identical to those used in the coherence estimates. 
Assuming a source-receiver range of 251 km and a range independent channel, a 
comparison of the phases measured at 17.75 Hz with the values expected can be 
made. The results are presented in Table 7-F\'. The significant differences between 
the theoretical and experimental data indicate two things. First, the calculation of 
the expected relative phase is sensitive to inaccuracies in the assumed horizontal 
phase speeds of the modal pairs. For example, a 1 m/sec difference in the first 
mode phase speed results in about a 40° in the predicted data of Table 7-I\'. 
Second, the measurement is also quite sensitive to range variations in the channel, 
since the total phase represents an integration of all the perturbations encountered 
in propagating through the channel. These appear to be non-negligible for this 
situation. Thus, while the relative phases themselves are quite stable and well 
behaved, there is some question as to whether it is possible to predict them 
accurately enough to accomplish passive source ranging in this fashion. 

7.7 Summary 

The horizontal and vertical array tonal data sets from the FR.VM 1\' .\rctic 
.Vcoustic lAperiiuent that are described in .Sections 3.9 and 3.10 have l)een 
processed using the algorithms disctissed in C'ha|>ter 5. d'he results for both have 
been presented, compared, and analyzed in a variety of ways. 
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Table 7-ni: Relative Phase Estimates for the \'ertieal Array Data 



Mode 1-2 Pair 
Mode 1-3 Pair 
Mode 2-3 Pair 



Measured 

102 ° 

-166° 

92° 



Expected 

154° 

-16° 

-170° 



Table 7-IV: Comparison of Measured and Expected Relative Mode 

Phases for 17.75 Hz Data 



The horizontal array data have been beamformed in azimuth using the single 
beam ML.M algorithm in order to find the correct azimuth angles for the TRlS'l'l'N 
source. This processing results in azimuth angle estimates that are accurate to 
about ±0.1°. The azimuth angles obtained agree completely with less precist* 
estimates available from the navigation data. The .ML.M algorithm performs (|iiit(> 
well in this application, producing a much narrower main lobe and significantly 
lower side lobe levels than an ecpiivalent conventional beamformer. 

The horizontal array has also been steered in the vertical direction at the 
azimuth angh's |)reviously determined to study tht> modal structure of the rt'ceived 
field. This has Iteen accom[>lished by varying the assnmcd hori/oiital ])hase speed 
with which the steering vector is com|)Uted. 'I'he processing has been aceomplished 
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twice: once with the single beam MLM algorithm to provide high resolution in |diase 
speed; and once with the conventional beamformer to recover the correct received 
levels. The horizontal array data below 30 Hz exhibit a strong peak at horizontal 
phase speeds closely matching those predicted for the first mode. Above 40 fiz, this 
first mode arrival vanishes; instead, a much more evenly distributed set of modal 
received levels is observed, possessing a very small peak at phase speeds 
corresponding to deep RSR path propagation. This occurs even though aualy>i> of 
the modal structure suggests that near 40 Hz, the received level of the fir^t mode 
should dominate those of other modes by as much as 60 dB. The region between 30 
and 40 Hz might be considered to be a transition region between the two 
propagation regimes. Although a strong first mode arrival is seen in this band, it i.s 
perhaps not as great as might be expected from studies of the modal structur*'. 

In the 27 Hz tone taken from the horizontal array, a strong fade similar to 
that seen by Mikhalevsky [57] has been identified. A study of the time s!‘ries of this 
fade seems to indicate that it is a phase discontinuity which, in turn, causes the 
instantaneous frequency of the signal to walk out of the pass band of the low pass 
filter. Analysis in both the horizontal and the vertical shows no obs«>rval)le 
differences between the structure of the received field before and after the fade, 
suggesting that the cause is probably source related. 

The vertical array data have been processed using the multiple beam le.ast 
squares beamforniing algorithm to produce modal amplitude and phase e^tim.ates. 
Three different types of output have been generated for the vertical array d.ata s('t. 
One is a plot of the amplitude estimates h)r all the resolvable modes versus time for 
one given array tilt angle. The second is a |)lot of these same amplitude esliin.il es. 
now dis|dayed at one given time and across all reasonable values of array tilt. I'he 
third is a plot of the residual error versus time and assumed tilt angle, d'lii" he-t 
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may be considered to be a condensation or integration into a single number of the 
all the various modal amplitude estimates made at one time and one assumed tilt 
angle. The three outputs represent different cross-sections along mutually 

orthogonal planes of an amplitude function that depends on mode number, time, 
and assumed tilt angle. 

The modal decomposition of real data has been shown to be sensitive to the 
assumed array tilt in a fashion similar to the demonstrations made with .synthetic 
data in Section 6.3. This sensitivity is seen to increase at higher frequencies and 
higher mode numbers. A tilt angle accuracy on the order of ±0.2-5 appears to be 
needed if one wishes to properly estimate all of the modes resolvable by the vortical 
array at any of the frequencies of interest. This requirement can be rela.\ed 
somewhat for lower frequencies and lower mode numbers. 

As shown in Section 6.6, plots of residual error on the time-tilt plane allow 
estimation of the actual array tilt from the acoustic data. For the purposes of array 
tilt estimation, the residual error plots generated for the vertical array data have 
been used to compute one average tilt angle for the full duration of each signal, 
despite indications that the array may not be completely stationar}' over periods of 
longer than about 20 minutes. W here possible, the tilt angle estimates made by this 
procedure have been verified by comparing estimates from consecutively broadcast 
signals. For frequencies of 30 Hz and below, it appears that the estimation 
technique is capable of generating estimates to an accuracy of about ±0.7 , with 
somewhat better results at the very lowest frequencies in the data s(-t. 'Fliis 
precision allows valid first mode estimates and partially valid second mode estim.iles 
to be made; at the lowest frequencies, third mode estimates ma\ also be reason.abl_\ 
trustworthy. .\ll tilt angle estimates made by this tecdinique fall inside the e\|)ecte(l 
limit of 5 . 
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The residual error plots for signal frequencies above 30 Hz generally do not 
demonstrate the single deep minimum necessary to make accurate array tilt 
estimates. Even when estimates are possible, they do not appear to be consistent 
over consecutive signals. This problem is attributed to the increase at these 
frequencies of the proportion of energy carried by modes that are fundamentally 
unresolvable by the array. This effect has been demonstrated in the results of the 
horizontal array data. The outputs of vertical array modal decompositions versus 
both time and tilt angle also verify this effect. Above 30 Hz, the first mode 
amplitude also appears to be abnormally low when compared to those of higher 
modes in the vertical array data. 

The temporal stability of all the data examined in this chapter appears to be 
similar to that seen in the preprocessed time series of Section 3.12. In general, slioit 
term fluctuations for both horizontal and vertical array data are in the 1 clH range. 
Some larger short term variations have occasionally been noted on specific sensors" 
in the horizontal array, but these do not appear to be coherent over the full array. 
Longer term variations (on the order of about 20 minutes) are seen in selected 
vertical array signals. The variations appear to incr('ase as the freciuency of the 
signal increases. .\o such long term fluctuations are observed in the horizontal 
arrtiy data. The lack of actual array tilt measurements makes the separation of 
channel fluctuation effects from array movement effects impossible, but nothing in 
the data precludes the latter from explaining the great majority of tlu> long term 
variations sc'cn. 

The first mode amplitudes, as computed from the vertical array d.ata, h.ive 
been shown to be consistent with those derived from the horizont.il array d.ata over 
the range of freqiienci<>s (below .30 Hz) when* accurat(> estimates of eacdi ran be 
made. Hoth the horizontal and vertical array dat.a indicate significant .attenuation 
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of first mode energj'. Similar results are seen in the second and third mode 
amplitude results taken from the vertical array data. The nature of the attenuation 
curves versus frequency for the three modes demonstrates that the source of the 
attenuation is located in the Arctic surface duct. A good fit to the measured first 
mode attenuation can be generated by applying the method of small perturbations 
to a rough pressure release surface located at the ice-water interface, where the 
statistics used for the rough surface have been determined e.xperimentally from ice 
profiles. A simpler approach using the Kirchhoff approximation yields only a very 
poor match to the measured attenuation values. Second and third mode 
attenuation estimates made with the method of small perturbations match 
experimental data somewhat less perfectly, predicting larger attenuation than is 
actually observed at higher frequencies. This result could possibly indicate that 
modal coupling between the first mode and neighboring modes cannot be ignored. 
If this is indeed the case, then the observed stability of the-received signals re<|uii es 
the scattered field to be completely coherent with respect to the specular field, 
which, in turn, presumes a rough surface that is essentially stationary over time. 

Coherence measurements for the various mode pairs have been made for 
signals with frequencies 30 Hz and below, where reliable tilt angle estiniatf's are 
available. Average modal coherence over periods of as long as 4') minutes is 
typically 0.00; all the measurements made exceed a value of 0.03. The few lower 
results observed appear to be caused by noise interference. By averaging results 
over a number of arbitrarily selected tilt angles, it is possible to get an indication of 
the coherence levels likely to be found at higher frequencit's, where actual array till 
estimates cannot be made. Typical values are 0.06 at 17 Hz and 0.02 at 71 II/. 
Therefore, the various propagating modes for any signal in this data set can be 
considered to be eomph'tel} coherent ov<>r the full duration of the transmission. 
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The large coherence values observed also guarantee that they are highly reliable 
estimates. The slightly lower values seen at higher frequencies lead to the 
supposition that there is some frequency/duration limit beyond which these 
conclusions would no longer be valid. 

The high levels of coherence observed guarantee that estimates of the relative 
phase of various mode pairs are meaningful. These relative phase estimates appear 
to be extremely stable, exhibiting only very small variations over time. However, 
the phases measured do not closely match those that would be expected if the 
channel were totally range independent. Thus, while the relative modal pha.'^es are 
quite stable, there appears to be some question about the ability to accurately 
predict them. 



- 266 - 



Chapter 8 

Summary and Conclusions 

This chapter is divided into three sections. The first summarizes the general 
topics covered throughout the thesis, while the second discusses the major 
conclusions, locating them in the larger framework of signal processing theory and 
underwater acoustics propagation theory. A short list of some ideas for further 
work along these lines completes the thesis. 

8.1 Summary 

The twin issues of modal beamforming and mode coherence have been 
investigated at some length. The prime motivation for studying these topics comes 
from a desire to exploit the modal nature of sound propagation in a waveguide more 
fully, so that the source's range and depth may be estimated directly from sound 
field measurements. To this end, two necessary contributions have been made. 
First, beamforming techniques that address the waveguide nature of low frequency 
sound propagation in the oceans have been studied extensively and implemente<l on 
real data, including data taken from a vertical array; this has not been 
accomplished previously. Second, the relative am])litudes and phases of the various 
modes have been measured and their stability studied through the use of modal 
coherence estimates. This also is an original contribution of this thesis. 

Some of the practical differences between horizontal atid \ eitical arra\s have 
been analyzed. The most importatit diff(*reiue frotn a sigtial proei'ssiiig \iew point is 
the increased ititport ance of v(>rtical array setisor dis|)lac('inettt . d'his is dim to the 
iticreased size of the sensor disjilacemeitts, which is caused by the gre.ater scope of 
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vertical arrays; and to the fact that the displacements occur in an organized pattern 
across the face of the array. 

A preprocessing scheme involving two stages of (piadrature demodulation, 1 IR 
low pass filtering, and decimation has been implemented to reduce the data set to a 
usable size prior to further processing. This scheme results a complex output time 
series for each channel that is demodulated to within ±1 mHz of the nominal signal 
frequency, filtered in a passband of 12.5 mHz, and downsampled to a sample 
interval of 1.6 sec. The resulting output time series contains about 100 iiKb'pmKhuit 
degrees of freedom in a typical 55 minute signal. 

The modal structure of the sound channel encountered during the ^d^\^l W 
Experiment has been studied extensively, and predictions of the mode shapes and 
as.sociated horizontal phase speeds have been made for all frequencies of interest 
here. The results have been analyzed both with respect to relative mode shape sizes 
at 91 m (the deployment depth for the TRISTEX source and the FRAM horizontal 
array) and \vith respect to horizontal phase speed ^ariations as a function of 
frequency. The arrangement of the experiment makes l)oth tlu‘ soure(‘ and lln* 
horizontal receiving array highly tuned to first mode propagation; first mode 
excitation typically exceeds that of other modes by more than 15 dB. The 
variations of phase speed with frequency allow one to obs(*rvi‘ the transition of 
modes from the deeper sound speed profile into the strong Arctic surfa(a‘ duct. The 
effect of \'ariations in the sound speed profile is shown to be small compar(‘(l t(' tin* 
effect of the overhead ice canopy for central Arctic siirfac(» duct prnp.agat ion. 

Four different algorithms for computing modal decomposition of the ol)s(‘r\(*d 
sound field ha\e beim dev(do|)ed theoretically. ddi(*s(‘ four algorithm^ imdiide sintgh* 
beam and multiple beam variants of both the least s(|uaia‘s and MFM algoriilinis. 
'riu‘ least s(iuar(‘s algorithm is shown to Ih‘ a true beast nneaii sijiiaia*'^ linear 
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estimator for the complex modal amplitudes; its single beam variant is exactly the 
equivalent of the conventional beamformer. The xMLM algorithm is shown to l)e a 
weighted least mean squares estimator, with the weighting essentially being the 
inverse of the sensor noise. The performance of all four methods has been 
compared. 

In general, the multiple beam least squares techniciue can always be exi>ected 
to provide better performance than its single beam counterpart, as long as the 
beams included together in the multiple beam ai)proach are all different enough to 
avoid matrix singularity i.ssues. Problems of this type are encountered when one 
begins to deal with modes not fundamentally resolvable to the array, 'bite modal 
resolution of a vertical array may be limited in two ways, by its length and by 
inadequate inter-sensor spacing. An overly short array tnakes it difficult to resolve 
neighboring modes, while inadequate inter sensor spacing causes .\yc|iiist-like 
aliasing for modes widely separated in mode number. It has been demonstrated 
that the PRAM I\^ vertical array is array length limited for the low frccim‘nci(‘s of 
interest in this thesis. 

The single beam Ml.M algorithm can he expected to i)rovide resolution 
superior to that of any of the other ai)proaclu's in situations where tin* assumptions 
underlying the nu'thod are met. The most important of th(‘s(* assumi)tious rc(|uir<'s 
that all the energy in the various modes be completely iiieoluuaMit . ddie i)r(‘sciic(‘ on 
coherent energy in several different beams causes s(‘V(‘re distortions of the siugl(> 
beam MLM algorithm output, though. This coluuauit interhuauicf’ i)robl(un can b(‘ 
theoretically eliminated by the use of the multiple b(‘am variant of th(^ ML.M 
algorithm, but the practical rcadities of this approach make it iinat t ract i\ e. Tims, 
the multi])le beam least s(juarc‘s proc(*ssor has becui (diosen for usr with the vertical 
array data aiial\Z(Ml luu'e. It has Ihmui (hunoiist rat(*d that the single beam \IL\I 
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algorithm still provides higher resolution than either of the least squares a|)j>n)arhes 
when properly used with horizontal arrays, even though the coherent int(*rfer(Mice 
problem corrupts the output levels. Therefore, the horizontal array data have been 
processed twice, once with the single beam MLM algorithm for resolution and once 
with the single beam least squares algorithm for the purpose of quantitative 
estimation of the received levels. 

The effect of vertical array tilt on the modal decomposition process has l)(‘en 
investigated. An examination of the fundamental physics of the process sugg(*sts 
that the modal beamformer results are very sensitive to variations in array tilt over 
the range of tilt angles most likely to be encount(Ted with the FHAM I\^ v('rtical 
array, which is from -5 to 5 away from vertical. This examination also h^ads to 
a simple method for estimating such tilt angle sensitivity, l^pon application to the 
FRAM vertical array, it is found that the tilt angle must be known to about 
±0.25° in order to properly resolve anything more than the first mode. This 
sensitivity to tilt angle increases at higher mode numbers and higher fr(H|U(uici('s. 
Since no tilt angle measurements are available for tln^ FRAM I\’ I*'\i)(‘riment . a 
scheme for estimating tlu' array tilt from the acoustic data has Ihhmi (b'vc'loped and 
implemented in this thesis. The method involves the minimization of tln^ r(‘sidual 
error as.sociated with the multiple beam least s(|iiar(‘s beamforming algorithm o\or a 
reasonabh‘ range of assumed array tilt angles. This scheim* has bemi showii capabh* 
of tracking the array in tilt angle by simulation: its performance is depeiuhnit ii])on 
the total amount of energy i)resent in the modes that are included in tin* 
beamformer relative to the amount pr(*s(‘iit in mode's not rc'solvabb' by the array. 
TIu' a|)])roach is subjc'ct to l)ias when a large percentage* of the* signal e*iie*rg\ that i^ 
|)re*sent n*side*s in fnnelaim*nt ally nnrese)|\ abb* modes. 

Two (*xte*iisive* te)iial elata se*ts taken eluring tin* IRANI IN Nrctie* \coiisiic 
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Experiment have been processed and analyzed in this thesis. One set was reccjrded 
from the hydrophones of the horizontal array available at the FRAAI ice camp, 
while the other set was recorded from eighteen sensors of the vertical array 
deployed at the same camp. The horizontal array data have been analyzed to 
provide experimental amplitude and horizontal phase speed measurements for the 
first mode; these, in turn, have been used to successfully test the consistency of the 
modal beamfornier output and the validity of the mode structure determined in 
Chapter 4. The vertical array data has been used to measure modal ainplitiules and 
relative phases for various low order modes, and to make estimates of the temporal 
stability and coherence of the complex modal amplitudes over tinn*. The modal 
amplitudes measured have been analyzed with r»‘spect to the alteniiati(Ui obs(>r\ <>(1, 
and measured modal attenuation levels have been compared with predicted levels 
using both the Kirchhoff approximation and the full method of small perturbations. 
Good agreement with experimental attenuation results has been obtained from the 
latter method using a simple rough free surface model and experimentally derived 
estimates of the ice canopy statistics. The stability and coherence measurements 
have been used to investigate the nature of the plia.-'C rtdat ionsliip betwecm vnrioU'> 
modes. It has been conchided that the central Arctic sound (diannel can be 
considered to be completely deterministic in terms of signal pro|)agat ion o\ er 
periods of time well in excess of one hour. .\11 |)ro|)agat ing modes appear to be 
phase-locked, indicating that no independent, phase-random pro|)agation paths (‘xist 
in the Arctic for these lime scales and operating frecpiencies. 
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8.2 Conclusions 

The important conclusions of this thesis fall into the same three geiu>ral 
categories into which the contributions discussed in Section 1.4: results pertaining 
primarily to the discipline of signal processing; results dealing with the practical use 
of vertical arrays; and results affecting the field of underwater acoustics. Each 
category is discussed in turn. 

t 

8.2.1 Signal Processing Conclusions 

The most important signal processing conclusion is that a method for 
decomposing the sound field generated l)v a distant tonal source and received at a 
vertical array into its component normal modes has been proven to be effective by 
theory, by simulation, and by practical application to real data. This last is 
particularly significant, as no previous work dealing with narrowband modal 
beamforming has involved application to actual data taken in the field. Thus, this 
thesis demonstrates the feasibility of estimating narrowband modal amplitudes and 
phases directly from data taken with a vertical array. 

A number of conclusions have been reached coiicf'rniiig th(‘ r(‘lati\(‘ 
performance of the four l)eamforming algorithms investigati*d, primarily along tin* 
lines of comparisons between the h*ast sejuares and MLM approacdn‘s and lunwaMMi 
single beam and nmitiple l)eam algorithms. 

The critical issue involved in any comparison of MLM ami h*ast scpiares 
beamforming algorithms for narrowband modal applications is the colnu-eiice of tin* 
various modal amplitu(b*s. What is defiin*d as tin* signal for tin* ML.M algorillim 
must b(* iiicoln*ri*nt with r(*s|)e(t to (*v(*rvt liiiig ('ls(* in tin* sound fi(*ld. wirn h is 
automatically d(*fined as iiois(*. \iolation of this n*(|uir(‘im*iit has be(*n shown to 
hav(* s(*V(*r(* conse(jin*nce.s for .MLM performaina*. particularl\ wln*n tin* sie(‘ring 
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vectors that represent the various beams of interest approach orthogonality; such is 
the case for the low order modes that are of interest here. If it is desired to use the 
MLM algorithm when highly coherent signals are simultaneously present on 
different beams, then a multiple beam approach that includes all possible beams 
upon which the coherent energ>' can arrive must be used. Alternatively, it may be 
possible to create an effective steering vector from a properly weighted sum of the 
beams. The former approach is generally infeasible, because the number of beams 
that must be included almost always e.xceeds the number of sensors available, so 
that the .MLM inversion becomes singular. In the rare cases when an adequate 
number of sensors is available, one can still e.xpect to encoimt(>r jirobleins with the 
processing stability of the algorithm. On the other hand, the latter ai)proac-h 
generally requires one either to index the beamforming over an unacceptably large 
number of parameters (all possible relative modal amplitudes and phases), or to 
somehow solve the modal propagation problem a priori, such as through the use of 
normal mode or parabolic equation predictions. Although it is clearly not of use for 
the present effort, this final method does offer some promise. 

It is interesting to note that in situations where the .ML.M algorithm h.as been 
traditionally employed, namely, for horizontal arrays when high resolution i> 
needed, the effects of the coherent interference proldem are minimized. Higher 
resolution than that of conventional aiiproaches is in fact achieved, at the expense 
of accuracy in the absolute levels computed. This effect has probaldy been 
incorrectly attributed to the Issue of .ML.M bias in tbe pa>t. masking the coherent 
interference problem. 

By comparison, the performance of tbe least s(|iiares algorithms is not scii'^itoe 
to tiu' issue of coherence between signal and noise, making it mmli more robii'-t. 
.\ddil ioii.ally . because* the techiii<iue is liiu'ar. it (hies not surfer from the bi.as issues 
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known to plague MLM algorithms. Still, the results of Chapter 5 indicate that least 
squares approaches provide significantly less resolution than MLM techniques when 
the latter can be applied. 

The major difference between multiple beam algorithms and their single beam 
equivalents stepped over the same set of steering vectors is that the multiple l)eam 
processors force the decoupling of the various beams while the single beam variants 
do not. Stated another way, each beam included in a multiple beam processor has 
its nulls arranged in such a fashion to prohibit the leakage of energy detected on the 
other beams included in the processor. Whether or not this null |)lacenient 
improves performance over that of the e(iuivalent single l)eam i)rocessor deixmd'' on 
two things. First, the way in which the degree of freedom that each specially placed 
null represents is employed in the single beam approach must be considered. For 
the least squares algorithm, the single beam processor does not use null placement 
to improve the results; thus, the multiple beam least squares processor can be 
expected to provide at least marginally better performance by eliminating the cross- 
talk between beams. In the MLM algorithm, however, the single beam [)rocesM)r 
deploys the nulls in such a fashion as to minimize the total noise power allowed into 
the beam. Thus, the multiple beam ML.M proces.sor decouples the included b(>ams 
only at the expense of less satisfactory noise rejection performance. If the eiierg\ in 
the different beams is incoherent, this is always a losing proposition in terms of total 
performance, as is shown in Appendix B. On the other hand, if the energ\ is 
coherent across different bt'ams, then the single Ixuim .ML.M processor experiences 
serious difficulties due to the cohertmt int(>rference. and the multiple l)eam .ML.M 
approach must be used. 

The other thing that must be considered when discussing single be, am \ersus 
multiple beam ai>proaches is the processing stal>ility issue. If the dilT'U-eut beams 
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that one is trying to decouple with the multiple beam algorithm look too much 
alike, then the decoupling process becomes singular; the beamformer must work so 
hard to separate the closely spaced beams that it becomes sensitive to even small 
amounts of background noise. The conclusion made here is that the issue can be 
quantified for the least squares algorithm through the use of the singularity 
coefficient defined in Section 5.10. Significant processing stability problems begin to 
occur at singularity coefficient values of roughly 0.4. For modal beamforming with 
vertical arrays, the problem arises from the fundamental inability of the array to 
re.solve higher order modes. Two causes are po.ssible: insurficient array length, whirh 
causes adjacent modes to look too much alike: and insufficient inter-seiisor spacing, 
which .causes Nyquist-like aliasing between modes widely spaced in mode number. 
The FR.\.\I rV vertical array has been shown to be .array length limited for the low 
frequencies of interest here. 

The final conclusion of this section deals with the usefulness of the residual 
error as a performance measure for the least squares algorithm. Since the la-sidiial 
error essentially provides a goodness of fit measiireiiH'nt. it can. if used carefully. bi‘ 
successfully employed to estimate critical unknown parameters from the acoustic 
data. One example is its use in finding the array tilt angle. Its reliability in 
accomplishing such a task is fundamentally related to the percentage of signal 
energy in tlu* modes resolvable to the vertical array. \\'hen a large proportion of 
the signal energy resides in fundamentally unresolvable modes, then the method can 
be expected to work poorly, since the implicit signal model is inadecpiate. d'his 
effect has been demonstrated with real data, where reliable <*stimates of array tilt 
for signals over 40 llz cannot be made. 



8.2.2 Conclusions Concerning the Practical Use of Vertical Arrays 

Three major conclusions deal with the practical employment of vertical arrays 
in a real ocean environment. The first, which has already been mentioned, is tlie 
modal resolution issue. The techniques developed in Chapter 5 are more tliaii 
adequate for investigating this question for arbitrary vertical arrays, and can even 
be inverted for use in a design role, such as selecting sensor depths to maximize the 
singularity coefficient. 

From the comparisons made in Sections 3.5, 3.6, and 3.7, it can l)e concluded 
that the proper design and implementation of vertical arrays is a mncli harder 
process than the equivalent development of horizontal arrays. ^’arialion^ in 
hydrophone sensitivity across the array must be very carefully controlled, since 
typical applications of vertical arrays depend more heavily on accurate relative 
signal levels between different sensors than do those of horizont.d arrays. The 
greater scopes of vertical arrays significantly increase the effect of ocean currenis on 
array shape and, therefore, on sensor location, to the point where the net sensor 
displacements can no longer be neglected in the signal processing. This increased 
importance is due both to larger physical sensor t)ffsets and to the fact that these 
offsets now occur in an organized pattern across the face of the array. 

The results of Chapter 6 and Chapter 7 leave little doubt about the conclusion 
that modal beamforming techniques are extremely sensitive to variations in array 
tilt. This sensitivity increases for higher order modes and with higher operating 
frequency. The combination of this conclusion with the previous one shows that 
improv(>(! methods of either controlling or measuring vertical array .shap(‘. and 
particularly the effective till angle of the array, are needed for proper e\|)loii at ion 
of the imiciue capabilities of vertical arrays. From Section 6.1. it can be coiicludeil 
that tin' effective .array tilt niiist be known to better tb.in about in tin' 



-276- 



Arctic Ocean if one wishes to accurately measure the amplitudes and |)ha^es of just 
the lowest order modes in the 0 to 80 Hz frequency range. A simple method of 
predicting the array tilt sensitivity has been presented there. It is important to note 
that the results of Chapter 3 and Chapter 7 indicate the shortest time scales for 
significant tilt angle variations in the FR.AM IV vertical array are between 10 and 
20 minutes. 

8.2.3 Underwater Acoustics Conclusions 

The results of Chapter 7 paint a fresh and unique |)icture of low frequenc\ 
sound propagation in the central .Arctic, from which a number of important 
conclusions can be drawn. 

The validity of all the other results obtained in this area is de])end(>nt upon 
the fundamental conclusion that the modal structure developed in Cha])ter 1 is a 
reasonably accurate representation of that present during the FRAM I\’ 
Experiment. This inference can be readily drawn from Figure 7-7. since, in general, 
modal phase speeds tend to be much more sensitive to channel variations than mode 
shapes. 

The next significant conclusion to be drawn concerns the importance of the 
Arctic surface duct in sound propagation, even at the lowest frequencies. This duct 
influences the FR.AM I\" sound propagation problem in three ways: by controlling 
the modal distribution of source energy; by controlling the sensitivity of the 
horizontal array to the various modes; and by concentrating large amounts of sound 
energy very near the rough ice canopy. It is obvious that the overwhelming 
majority of sound energy generated by any soiirc(' located in the surface duct is 
channci('d into mod«‘s that arc effectively trappt'd in th.it duct. .\ simil.ar conidiision 
is true for horizotital reciuving arrays di'ploycd within the ^itrlace duct. For the 



frequencies of interest here, this means that the first mode has a tremendou'' 
relative advantage over all other modes; first mode source excitation is often more 
than 15 dB above that for other modes. It is also interesting and important t(j note 
the frequencies at which various modes transition into the surface duct. The first 
mode crosses over from the deeper Arctic profile to the surface duct at about 20 llz. 
the second mode at about 40 Hz, and the third at roughly Go Hz, although they are 
not completely trapped in the upper layer until frequencies of about 30 Hz, GO Hz, 
and 90 Hz, respectively. 

Given the great relative advantage that the first mode possesses compared to 
the higher order modes, tlie observation of only very small amounts of first mode 
energy at frequencies above 40 Hz is extremely important. It highlights the 
importance of modal attenuation effects in central Arctic Ocean propagation. In 
terms of what is observed from horizontal array data, two very different 
propagation regimes exist. One of these regimes occurs below 10 Hz. where strong 
first mode arrivals are observed on the horizontal array. The other regime, above 
40 Hz, shows a much more equal partition of energy in the higher order modes, with 
the deepest RSR paths being marginally dominant. Comparison with vertical array 
results explains this sharp change. At frequencies below 40 Hz. the increase in 
attenuation of the first mode with fre(iuency is approximately compensated 1)\ 
increasing source excitation and horizontal array sensitivity. Only above 40 Hz. 
when these effects no longer mask it, does the strong frequency dependence of the 
first mode attenuation become apparent in the horizontal array data. The 10 Hz 
breakpoint betwecm the two regimes can be consich'red to l)e an effective upper 
bound to the range of fre(|U<>ncies that |)ropagate (dfieiently in tin* .\r<tic suilacr 
duct, and may thus be lak(>n as a high fr<‘(|uency limit for long range acouNiic 
systcuns d(>signed to be (unployed in the .\n tic (mvironnuMit . 
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The modal attenuation measurements made for the first tliree modes from the 
vertical array data verify the dominant role that the rough surface of the ice canopy 
plays in Arctic Ocean sound attenuation. The frequency dependence of the 
attenuation for the different modes correlates well with the frequencies at which 
they transition into the surface duct, suggesting that it is the ice cover that provides 
the attenuation mechanism. Moreover, the agreement of the measured modal 
attenuation with predictions using the full method of small perturbations and 
concurrent experimental estimates of the ice statistics is excellent for a model 
consisting solely of a rough free surface at the ice-water interface. This result is at 
variance with that of DiNapoli and Mellen [2a], in which they cannot reach 
adequate agreement betw'een experiment and theory using measured values of the 
ice statistics. The reason for the difference in results is not presently understood. 
The Kirchhoff approximation is shown to be poor by comparison in this situation. 
The result demonstrates the need for the careful inclusion of surface correlation 
effects in rough surface scattering models. Additionally, it is possible to interpret 
the second mode attenuation results as indicating that multiple scattering effects, 
or, equivalently, modal coupling effects, are significant in the rough surface 
scattering problem posed by the ice canopy. Certainly, a great deal more work is 
needed to verify this interpretation; if it is correct, however, it demonstrates a 
unique case where the modal coupling is significant even though the coupling 
coefficients themselves are negligible. What would make the coupling important in 
this case is the great difference in modal excitation h'vids. Evtui very low level 
scattering from the first mode into the second or third modes may be important 
when the original excitation levels of these modes are 20 or 80 dli smaller than that 
of th(> first mode. 



The signal stability observed throughout this in\ ('^t ig.ai ion has l)een 
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remarkable. Many of the temporal variations observed can be attributed either to 
background noise effects or to vertical array movement, although assignment of 
observed fluctuations to the latter cause cannot be done conclusively. This is due to 
the lack of concurrent vertical array tilt measurements for the experiment. The 
only exceptions to these findings are some signal fades observed only on selected 
hydrophones of the arrays used; the cause of these variations is not presently well 
understood. The observed stability of the central Arctic sound channel and the 
high values of the modal coherence measured strongly support the conclusion that, 
for the low frequencies investigated here, the central Arctic channel can be 
considered to be completely deterministic in a temporal sense for periods in e\C(‘ss 
of one hour. These results agree closely with those of Mikhalevsky [57], but also 
break new ground, since the various propagation paths have now been at least 
partially separated for independent inspection. Not only are the relative phases of 
the various modes very stable; it appears that the environn^ent causes almost no 
phase fluctuations of any kind. Thus, the different propagation paths appear to l)e 
comi)letely coherent, not so much because they all exhibit the same |>has(‘ 
fluctuations, but more because none of them exhibit any significant pha>e 
flnct nations at all. This observation has a number of important implications. First, 
it means that any energy scattered due to rough surface effects (])articularly from 
the ice) remains coluTent with respect to the transmitted field. This is why sound 
transmissions above 40 Hz, while obviously suffering major amounts of scattcuang by 
the ice, still display such stable phase traces at the different siui.sors. .Second, it 
means that totally unrelated tonal sources can still exhibit very high cross-colKuauice 
in the (auitral Arctic; the i)rimary limiting factor is tin* ability to inat<di the dirf^nauit 
sources in fiaMjmuicy. This, in turn, makes llu* us(* of high r(‘solution b(*amforming 
algorithms that are subject to coluTiuit int(*rf(T(Mic(' (such as tin* MFM algorithm) 
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highly suspect for stationary (non-moving) tonal sources in the central Arctic, unless 
either only a single source is known to be present, or the averaging length is 
extended to periods of at least several hours, if not several days. Most importantly, 
the observations show that the channel does not destroy the relative phase 
information from which target range information might be extracted. Therefore, 
target range estimation is feasible with respect to the temporal fluctuations in the 
central Arctic. What is not so clear from the results of this investigation is whether 
relative phase predictions can be made accurately enough to support such a passive 
ranging effort, especially if multiple scattering or mode coupling effc'cts are. in fact, 
significant. 

In retrospect, it is interesting to apply the insight gained from tlu‘ Arctic data 
presented here back to the open oceans of tlie world. Clearly, these warmer wat(‘i*s 
do not exhibit anything near the same stability and coherence as observed in the 
central Arctic. Since the most glaring difference between the two environmeiit.s is 
the type of free surface involved, one must at least suspect that the temporal 
instabilities more regularly observed in oceanic sound transmission are intiniatf'ly 
related to the time variations in this fre(» surface from wind and wa\(‘ action. 
Certainly, these effects generate the strongest temporal variations in channel. The 
Arctic results prove that temporal channel variations are needed to generate 
temporal fluctuations in the propagating sound field. 

8.3 Some Thoughts on Further Work 

Every scientific inv(‘stigation answers captain ^|ln‘^^i()ns \\hil(‘ raising oilier, 
previousl} unseim, issues. This tlu’sis is certainly no (‘xci^ntion. Ihd’on* comdiiding. 
then, it is useful to discuss at haast a few anaas that nia\ (irove fruitful for furtluu* 



re>('a rch. 
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From a signal processing viewpoint, two valuable investigations come to mind 
immediately. The first is the issue of coherent interference in the MLM algorithm. 
For a situation such as that found in the central Arctic Ocean, no high resolution 
beamforming alternative that presently exists could be expected to work well, 
because of the coherent nature of the channel. An investigation of how one might 
successfully employ high resolution concepts in this type of environment would be of 
great interest, not only for its practical value, but also because it would proI)al)ly 
provide a great deal of insight into how present high resolution algorithms niiglit b(‘ 
made more reliable. It is this lack of robustness which often inhibits pottuitinl iisfU’s 
from employing high resolution technicpies. Additionally, such an investigation 
would probably remove much of the mystery surrounding the often misunderstood 
MLM bias issue. 

A second useful investigation would deal with b('tter methods of inhuuung 
vertical array tilt from a received acoustic field. If a higldy accurate method of 
accomplishing this task can be found (one much more reliable than th(‘ teclini(|ue 
used h(*re), it would provide a rather cheap and simj)ly implemented solution to the 
most important problem facing anyone wishing to use vertical arrays for modal 
decomposition. By comparison, any other type of solution, such as an in situ 
ineasuriunent scheme or a modified deployment method, is likely to be both 
cumbersome and expensive. A related effort to this would be an investigation of tlu‘ 
effects of higher order array shape variations on modal beamforming. Although 
assumed negligible here, there is likely to be some fre(|iiency/mode iuinib(u* limit 
beyond which even the small amounts likidy to l)e encount(‘n*(l in |)ractic(‘ are 
significant. Such an investigation is fairly straightforuard. and would add 
confid(‘nce to the Ixdief that the sh.ajx' of a V(‘i*tical arra\ c.aii Ih‘ adi'^juat <‘ly 
nnubded by a straight lim‘ at soim‘ angh* to tin* V(‘rtic;d. 



The most interesting effort that could be undertaken in the uiuler\valer 
acoustics domain to follow the present work would be a repeat of this study in an 
open ocean situation. Lacking that, two other related investigations come to mind. 
First, the indications that mode coupling might be significant for the rough surface 
scattering observed need to be studied more closely. Intimately coupled to that 
question is the more difficult issue of whether or not relative modal phases can be 
predicted from the general characteristics of the medium with enough accuracy to 
allow' the source range to be estimated. Such an investigation would obviously have 
to include an assessment of the effects of mode coupling. 

Finally, it would be both useful and enjoyable to repeat the exact same 
experiment with an adequate array tilt measurement system in place. The lack of 
tilt angle measurements has caused more than a little frustration in this thesis, and 
in too many w'ays the results are still tenative as a result. In particular, it would be 
interesting to know just how’ effective the array tilt estimation scheme used here is 
in practice, since this is probably the greatest remaining unknown affecting the 
results presented here. 
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Appendix A 

On the Inclusion of Signal 
Components in Generalized Least 
Squares Weighting Matrices 

Consider a generalized least squares estimation problem with an A' x A’ 
Hermitian positive definite weighting matrix W^ . and an A' X A/ complex steering 
matrix E. The A/ X 1 complex vector which minimizes the scalar error Q 
defined in ecpiation (5.1-1) is given in equation (5.15), which is repeated for 
convenience 

Ao = (i+^ir’i+^p. (-1.1) 

Here, P is the observed complex pressure vector. 

Typically, the desired w’eighting matrix is the inverse of the sensor cross- 
coherence matrix for the noise. However, it is usually more convenituit to use the 
total simsor cross-coherence matrix, including both the signal and noise components, 
since estimation of this matrix does not recpiire separating the signal from the noCe. 
Thus, one must be concerned with the effect of including signal components in the 
inverse of the weighting matrix. Let W be such a modified weighting matrix. Its 
form can be defined by 

W“' = ^7^ + E BB+ , (.1.2) 

wliere the M X 1 complex vector B consists of nrhitrnrv coiistanls. T\w s(M*ond 
ttArm of (Hjuntion (A. 2) r(‘pres(‘iils inclusion of (he sional compoiuMils. I siiui; (Ima 
ident ity 
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- _ z-^uv+z-i 

z -f u v+ -1 = z-1 - ~ ~~1- 7 , 
1-f V+ Z“1 u 



(-4.3) 



it is possible to generate an expression for W in closed form 

— — ^ E B B+ E+ ^ 

W = W„ - JZ ^ , 

1 B+E+:^EB 



(-4.4) 



Tlie optimal estimator for W is 

A = (1^ W E)~^ E+ W P . 

Using equation (A. 4), it is possible to \vrite 

(E+ 1) B B+ (1+ E) 



E+ W E = (E+ ^ E) - 



1 + B+ E+ E B 



which can again be inverted using equation (.\.3) to yield 
(E+ W E)“^ = (E+ 1)“’ + B B+ . 

Substituting equations (A. 1) and (A. 7) into eciuation (A. 5) yield> 

A = (E+ 1)"' 1+ P = A, • 



I,.-.) 



l.l>) 



(. 1 . 8 ) 



It can be seen that the least scpinres estimator produces the same for 

(‘ither of the two weighting matrices. If is taken to be the inversi* of the iiois(‘ 
portion of the sensor coherence matrix, then, from ecjuation (-V.2), W is the im(*rs(‘ 
of the full sensor coherence matrix (including both signal and noisi') hir a (‘omphu (d\ 
coluTent signal that is uncorndated with tlu* noix*. Xot(> tliat (his is tlie natun* of 
the re(|uircuii(‘nt for indepcuidcuit signal and noisu in tin* \1L\1 alg(u-iilim. 

The above* result can (‘asily be* g(‘!n*rali/ed to tin* case of n random signal that 
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is less than fully coherent. In this situation, the relation between the two weighting- 
matrices is of the form 

W-1 = -I- 1 1+ , (.4.9) 

where is the M X A/ modal (or signal) cross-coherence matri.x < 

= E[BB+]. (,\.I0) 

This is a complete generalization, since for complete signal coherence the vector B 
becomes non-random, and the result then reverts back to that given in e(|uatioii 
(A.2). 

By singular value decomposition, the matrix S,^j can i)e written as 

_ 

1m = E X- s.- Si'" ■ I '- 1" 

i=\ 

where the and are its eigenvalues and eig(‘nvectors, respectively. Tin* more 
general result is then proven by applying the approach presented above A/ times in 
succession, once for eacli eigenvector in the sum. It is important to observ(‘ that 
while this generalization relaxes the deterministic signal assumption, it in no way 
alters the rec|uiremeiit that the signal and noise be completely uncorrelated. 
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Appendix B 

The Performance Relationship Between Single 
Beam and Multiple Beam MLM Algorithms 



Consider two related multiple beam MLM estimation problems. In (he fii>t 
problem, Af modes (or beams) are included in the beamformer. From equation 
(5.20), the estimate of the A/ X A/ modal (or beam) cross-coherence matrix for this 
situation is 

= . IC II 



where is the .V X A/ steering matrix and is a stnisor cross-coluManua' matrix 
of size iV X iV. 



As the second problem, consider a multiple beam beaniforimT having a total 
of M+ 1 modes included, and let the first A/ of these modes be idtuitical to thos(‘ 
from above. The steering matrix for this problem is tlnui .V X A/+1, and may In* 
written as 

1m+, = |1mIe]. ic.a 



where E is the .V X 1 steering vector of the additional mode. The estim.ate of the 
A/-F1 X A/-I-1 modal cross-coherence matrix is 



-.\l-t-l 



- (E 



S~’ 

— .\l-t-l -.\ 




e^,s->e-^, 


e+s->e' 




E+ i"' E 



(/L3) 



.\u estimate of the motlal cross-coliereiiee matrix for the origin.al \! inodcN 
m.iy b(‘ obt.ained from the second problem by extr.icliiig the ujip<‘r h'ft hand 
.\/ X A/ subnmirix 



-287- 



— I 






Sw 

— l\l 









(Rl) 



— t 



may then be identified by using the formula for the inverse of a partitioned 
Hermetian matrix. If 



and 



then 



X = 
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(/i.b) 



— - , Y"* Z Z+ 

A = Y-^ + - 

t-“ - Z+ Y“i Z 



(B.: 



-Y~^ Z 



B = - 



n- - Z+ Y"' Z ’ 






and 



1 



V- - Z+ Y“* Z 

F'rom equation (B.7), 



(B.h) 



(E+ S"' (E+ S-* E) (E+ S-' E„) (E+ S"' E^,r ‘ 



(E+ S-‘ E) - (E+ S-' E„) (E+ S-' E„)-‘ (E+ S"' E) 



(/y.io) 
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Equations (B.l) and (B.IO) can be interpreted to show that (he beamformer 
containing M modes always provides better performance than the one containing 
A/ -h 1 modes. Consider a situation where the sensor cross-coherence matrix 
consists solely of noise with no signal. For these conditions, the two different 
estimates of the M X M modal cross-coherence matrix indicate the amount of noise 
that is not rejected in each beamformer. In particular, the diagonal terms indicate 
the noise power that leaks into the amplitude estimate of each mode. A compariscm 
of equation (B.l) with (B.IO) shows that the diagonal terms in the latter are never 
less than the diagonal terms in the former. The additional contributions indicated 
in (B.IO) are always positive, since the numerator of the fraction is a matrix formed 
by taking an outer product of a vector with itself, while the denominator is a scalar 
that is also guaranteed to be positive. This last conclusion comes from a 
consideration of in equation (B.4). If one assumes S^. to be positive definite, 

then it follows that S\j^j must also be positive definite and, hence. must be 

positive. But, from equation (B.9), 




(/ill) 



1 

(E+ E) - (E+ 1m) (IJ, i.x' ImP' (iJi I;:;' e) ' 

SO that the denominator (which is identical to that in equation (H.IO)) must he 
positive. 

More insight can be gained by considering a situation wher(‘ the sensor cros.s- 
coherence matrix is a combination of two C(unponents, one consisting of noise and 
the otlier Inung a signal of amplitude a in th(‘ mode. From tin* vi(*wpoiiit of 

the first M modes, tin* signal in the mode represmits additional noisi* against 

which tin* processors must discriminal (*. l^)r this situation. Hn* senior cross- 
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coherence matrix is 

!« = §„ + I«|- E E+ . 



iai2i 



After much algebra, it can be shown that 




(R13) 



(e;:, s-' e_„)-' (E;ti §-■_£) (r s;^‘ E,,) (e+, s~' e„)-‘ 

+ (E+ S-l E) - (E+ S„-‘ Ej,) (E+ §-' E^|)-‘ (E+ S'" E| ' 



while 



— I 





(Rll) 



(Et,§:' 

(r§-' 



E^,)-' (e;:-, s;' e) (r s^-‘ Em) (Bti 

E) - (E+ S-> E,,) (E+ S-> Ej,)-' (E+ S,"' E) 



Note that the result in equation (B.14) is completely independent of the amplitude 
of the mode, and is in fact identical in form to equation (B.IO). 'Fhis N 

indicative of the fact that the beamformer containing A/ + 1 modes (nitoinalicdlhj 
generates a null in the direction of the A/-|-B^ mode for the beam patterns of all the 
other modes, whether or not any signal is actually present there. The result in 
equation (B. 13), on the other hand, balances the amount of noise against the 
amount of A/-fl^* mode signal, optimally dt'ploying the extra null to best 
discriminate against the combination of the two. W’lien the amplitude goes to zero, 
the second term in equation (B. 13) disappears entirely, and the l)eamformer 
complettdy ignores the A/+1** mode. Conversely, as the amplitude gets larger, the 
beamformer increasingly discriminates against tin* mode; at very large ain|)lit iides. it 
is forced to devote a full null to the mode, and result approach(‘> th.it of e(|uation 
(B.ll). 
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If a multiple beam MLM beamformer containing M modes always prcxlitces 
better performance than one containing A/ -I- 1 modes, then a A/ — 1 mode 
beamformer always performs better than one of M modes. Thus, it is obvious that 
a single beam MLM beamformer (which contains only one mode) always provides 
better performance than any multiple beam MLM beamformer. However, this 
statement must be qualified by the assumptions inherent in the derivation of the 
MLM algorithm, particularly the assumption that the signal and noise be 
independent of each other. For a single beam MLM beamformer operating in a 
sound field consisting of many modes, this assumption is met only if the differetti 
modes are incoherent with respect to each other. If this is not the case, then 
coherent interference adversely affects the performance of the single beam 
algorithm, a degradation not accounted for in the analysis presented here. 



-291- 



Bibliography 



[1] K. Aki and P.G. Richards. Quantitative Seismology: Theory and Methods. 
W.H. Freeman and Company, San Francisco, 1980. 

[2] A.B. Baggeroer. Space/Time Random Processes and Optimum Array 
Processing. Technical Report TP 506, NUC San Diego, 1976. 

[3] A.B. Baggeroer (private correspondence). 

[4] A.B. Baggeroer. A Numerical Approach to the Solution of Acoustic Wave 
Equations (unpublished). 

[5] A. Beillis and F.D. Tappert. Coupled Mode Analysis of Multiple Rough 
Surface Scattering . .Journal of the Acoustical Society of America 66(3):81 1-826, 

1979. 

[6] C.M. Bender and S.A. Orszag. Advanced Mathematical Methods for 
Scientists and Engineers. McCraw-Hill Book Company, New York, 1978. 

[7] L.M. Brekhovshikh. Waves in Layered Media. Academic Press, New York, 

1980. 

[8] L.M. Brekhovshikh and Y. Lysanov. Fundamentals of Ocean Acoustics. 
Springer-Verlag, Berlin, 1982. 

[9] H.P. Bucker. Use of Calculated Sound Fields and Matched-Field Detection 
to Locate Sound Sources in Shallow Water . Journal of the Acoustical Society of 
America 59(2);368-.373, 1976. 

[10] J. Capon. High-Resolution Frequency-Wavenumber Spectrum Analysis . 
Proceedings of the IEEE 57(8):1408-1418, 1969. 

[11] .J. Capon and N.R. Goodman. Probability Distributions for Estimators of 
the Frequency-Wavenumber Spectrum . Proceedings of the IEEE 58(10);1785-1786, 
1970. 

[12] B. Carahan, W.A. Luther, and .J.O. Wilkes. Applied Numerical Methods. 
John Wiley & Sons, New York, 1969. 

[13] G.C. Carter, C.H. Napp, and A.H. Nuttall. Statistics of the Estimate of the 
Magnitude-Coherence Function . IEEE Transactions o f Audio and 
Electroacoustics 2l(4):388-389, 1973. 

[14] General Bathymetric Chart of the Oceans 5.17. 5th ed., Aug, 1979. 



-292- 



[15] Y.M. Chen. Report for a Study on Sound Speed Profiles of the Arctic 
Ocean. Technical Report, MIT Department of Ocean Engineering, 1981. 

[16] Y.M. Chen. Underwater Acoustic Ambient Noise in the Arctic . Master’s 
thesis, Massachusetts Institute of Technology, 1982. 

[17] C.S. Clay. Waveguides. Arrays, and Filters . Geophysics 31:501-505, 1966. 

[18] C.S. Clay and H. Medwin. Acoustical Oceanography. John Wiley & Sons, 
New York, 1977. 

[19] L.K. Coachman and K. Aagard. Physical Oceanography of Arctic and Sub- 
Arctic Seas . Marine Geology and Oceanography of the Arctic Seas. Springer- 
Verlag, Berlin, 1974. 

[20] R. Courant and D. Hilbert. Methods of Mathematical Physics. .John 
Wiley & Sons, New York, 1937. 

[21] H. Cox. Resolving Power and Sensitivity to Mismatch of Optimum Array 
Processors . .Journal of the Acoustical Society of America 54(3);771-785, 1973. 

[22] R.L. Deavenport and F.R. DiNapoli. Evaluation of Arctic Transmission 
Loss Models. Technical Report TM 821106A, NUSC New London, 1982. 

[23] F.R. DiNapoli, D. Viccione, and H. Kutschale. The Arctic Channel: An 
Acoustic Waveguide. Technical Report TM 781078, NUSC New London, 1978. 

[24] F.R. DiNapoli, R. Nielsen, D. Potter, and P.L. Stocklin. TRISTEN/FRAM 
IV GW Spatial Coherence and Temporal Stability. Technical Report TD 7095, 
NUSC New London, 1984. 

[25] F.R. DiNapoli. Low Frequency Attenuation in the Arctic Ocean. Technical 
Report TM 8511.30, NUSC New London, 1985. 

[26] F.R. DiNapoli (private correspondence). 

[27] L.B. Dozier and F.D. Tappert. Statistics of Normal Mode Amplitudes in a 
Random Ocean. I. Theory . Journal of the Acoustical Society of America 
63(2):353-365, 1978. 

[28] L.B. Dozier and F.D. Tappert. Statistics of Normal Mode Amplitudes in a 
Random Ocean. II. Computations . Journal of the Acoustical Society of America 
64(2):5.33-547, 1978. 

[29] G.L. Duckworth. Processing and Inversion of Arctic Ocean Refraction 
Data. PhD thesis, Massachusetts Institute of Technology, 1983. 



-293- 



[30] G.L. Duckworth and A.B. Baggeroer. Inversion of Refraction Data from the 
Fram and Nansen Basins of the Arctic Ocean . Tectonophysics 114:55-102, 1985. 

[31] I. Dyer. Statistics of Sound Propagation in the Ocean . Journal of the 
Acoustical Society of America 48(l):337-345, 1970. 

[32] I. Dyer. The Song of Sea Ice and Other Arctic Melodies . Arctic Technology 
and Policy. Hemisphere Publishing Corporation, Washington, 1984, pages 11-37. 

[33] R.H. Ferris. Comparison of Measured and Calculated Normal Mode 
Amplitude Functions for Acoustic Waves in Shallow Water . Journal of the 
Acoustical Society of America 52(3):981-988, 1972. 

[34] R.G. Flzell and S. Wales. Source Localization in Range and Depth in an 
Arctic Enviroment . Journal of the Acoustical Society of America 78(S1);S57-S58, 
1985. (Abstract only). 

[35] G.D. Garland. Introduction to Geophysics. W.B. Saunders Company, 
Philadelphia, PA, 1979. 

[36] G.H. Golub and C.F. Van Loan. Matrix Computations. .John Hopkins 
University Press, Baltimore, AID, 1983. 

[37] K.F. Graff. Wave Motion in Elastic Solids. Ohio State University Press, 
197.5. 

[38] S.P. Hayes, P. Ripa, and L..J. Mangum. On Resolving Vertical Alodes with 
Observational Data . Journal of Geophysical Research 90(C4):7227-7234, 1985. 

[39] R.Al. Heitmeyer, W.B. Aloseley, and R.G. Fizell. Full Field Ambiguity 
Function Processing in a Complex Shallow Water Environment . In R.A. Wagstaff 
and A.B. Baggeroer (editors), High-Resolution Spatial Processing in Underwater 
Acoustics, pages 171-192. NORDA, NSTL, Alississippi, 1983. 

[40] F.B. Hildebrand. Methods of Applied Mathematics. Prentice-Hall, Inc., 
Englewood Cliffs, N.J, 1965. 

[41] F.B. Hildebrand. Advanced Calculus for Applications. Prentice-Hall, Inc., 
Englewood Cliffs, NJ, 1976. 

[42] M..J. Hinich. Maximum Liklihood Signal Processing for a Vertical Array . 
Journal of the Acoustical Society of America .54(2);499-503, 1973. 



[43] AI.J. Hinich. Array Design for Measuring Source Depth in a Horizontal 
Waveguide . SIAM Journal of Applied Mathematics 32(4):800-806, 1977. 



-294- 



[44] H. Hobaek, C.T. Tindle, and T.G. Muir. Model Experiments on Normal 
Mode Propagation in a Wedge . Journal of the Acoustical Society of America 
78(S1):S70, 1985. (Abstract only). 

[45] D.H. Johnson and S.R. DeGraaf. Improving the Resolution of Bearing in 
Passive Sonar Arrays bv Eigenvalue Analysis . IEEE Transactions on Acoustics^ 
Speech, and Signal Processing 30(4):638-647, 1982. 

[46] W.A. Kuperman. Coherent Component of Specular Reflection and 
Transmission at a Randomly Rough Two-Fluid Interface . Journal of the 
Acoustical Society of America 58(2):365-379, 1975. 

[47] W.A. Kuperman and F. Ingenito. Attenuation of the Coherent Component 
of Sound Propagating in Shallow Water with Rough Boundaries . Journal of the 
Acoustical Society of America 6l(5):1178-1187, 1977. 

[48] H.W. Kutschale and T. Lee. Bottom-Interacting Acoustic Signals in the 
Arctic Channel: Long-Range Propagation . Journal of the Acoustical Society of 
America 74(Sl):Sl, 1983. (Abstract only). 

[49] L. Lawson and R.J. Hansen. Solving Least Squares Problems. Prentice- 
Hall, Inc., Englewood Cliffs, NJ, 1974. 

[50] N.C. Makris and I. Dyer. Environmental Correlates of Pack Ice Noise . 
Journal of the Acoustical Society of America 79(5):1434-1440, 1986. 

[51] H.W. Marsh and R.H. Mellen. Underwater Sound Propagation in the Arctic 
Ocean . Journal of the Acoustical Society of America 35(4);552-563, 1963. 

[52] R.H. Mellen and H.W. Marsh. Underwater Sound Reverberation in the 
Arctic Ocean . Journal of the Acoustical Society of America 35(10):1645-1648, 
1963. 

[53] R.H. Mellen. Underwater Acoustic Scattering from Arctic Ice . Journal of 
the Acoustical Society of America 40(5):1200-1202, 1966. 

[54] R.H. Mellen. Ray-Mode Equivalence in the Arctic Sound Channel . Journal 
of the Acoustical Society of America 74(S1);S2, 1983. (Abstract only). 

[55] R.H. Mellen and F.R. DiNapoli. Underwater Acoustics in the Arctic Ocean . 
In Proceedings of the Conference on Methods in Undei'water Acoustics. NATO 
Advanced Study Institute, Limeberg, Germany, 1984. 

[56] P.N. Mikhalevsky. The Statistics of Finite Bandwidth, Modulated 
Acoustic Signals Propagated to Long Ranges in the Ocean, Including Multiple 
Source Effects. PhD thesis, Massachusetts Institute of Technology, 1979. 



-295- 



[57] P.N. Mikhalevsky. Characteristics of CW Signals Propagated under the Ice 
in the Arctic . Journal of the Acoustical Society of America 70(6):1717-1722, 1981. 

[58] D.M. Milder. Ray and Mode Invariants for SOFAR Channel Propagation . 
Journal of the Acoustical Society of America 46(6):1259-1263, 1969. 

[59] A.R. Milne. Sound Propagation and Ambient Noise Under Ice . Underwater 
Acoustics. Pleneum Press, New York, 1967, Chapter 7. 

[60] P.M. Morse and H. Feshbach. Methods of Theoretical Physics (Parts I and 
II). McGraw-Hill Book Company, New York, 1953. 

[61] .J.N. Newman. Marine Hydrodynamics. The MIT Press, Cambridge, MA, 
1977. 

[62] A.V. Oppenheim and R.W. Schafer. Digital Signal Processing . Prentice- 
Hall, Inc., Englewood Cliffs, New Jersey, 1975. 

[63] T.W. Parks and J.H. McClellan. A Program for the Design of Linear Phase 
Finite Impulse Response Filters . IEEE Transactions of Audio and 
Electroacoustics 20(4):280-288, 1972. 

[64] C.L. Pekeris. Theory of Propagation of Explosive Sound in Shallow Water .’ 
Geological Society of America, Memoir 27 , 1948. 

[65] A.D. Pierce. Extension of the Method of Normal VIodes to Sound 
Propagation in an Almost-Stratified Medium . Journal of the Acoustical Society of 
America 37(l):19-27, 1965. 

[66] J.G. Pierce and K. Hickox. A Review of the Soviet Open Literature on 
Acoustic Research in the Arctic. Technical Report KFR 423-83, Ketron, Inc., 
Arlington, VA., 1983. 

[67] J.J. Polcari. Low Frequency Acoustic Signal Propagation in the Arctic 
Ocean . Master’s thesis, Massachusetts Institute of Technology, 1983. 

[68] J.J. Polcari. An Array-Processor Based Time Series Processing System 
(internal software documentation). 

[69] M.B. Porter (private correspondence). 

[70] M.B. Porter, R.L. Dicus, and R.G. Fizell. Simulations of Matched-Field 
Processing in a Deep-Water Pacific Environment (in preparation). 

[71] K. Prada, K. Vonderheydt, and T.F. O’Brien. A Versatile Multichannel 
Data Acquisition System for Seismic and Acoustic Application . In Proceedings of 
the IEEE Conference Oceans ’81, pages 44-47. 1981. 



-296- 



[72] S.R. Rutherford. An Examination of Coupled Mode Theory as Applied to 
Underwater Sound Propagation. PhD thesis, University of Texas at Austin, 1979. 

[73] E.K. Scheer. Estimates of Crustal Transmission Losses Using AELM Array 
Processing . Master’s thesis, Massachusetts Institute of Technology, 1982. 

[74] F.C. Schweppe. Sensor- Array Data Processing for Multiple-Signal Sources . 
IEEE Transactions on Information Theory 14(2):294-30.5, 1968. 

[75] E.C. Shang, C.S. Clay, and Y.Y. Wang. Passive Harmonic Source Ranging 
in Waveguides by Using Mode Filter . .Journal of the Acoustical Society of 
America 78(l):172-175, 1985. 

[76] E.C. Shang, L.M. Lawson, and D.R. Palmer. Source Range Information 
Loss in Waveguides . Journal of the Acoustical Society of America 79(4):958-963, 
1986. 

[77] G.W. Sheppard. Arctic Ocean Ambient Noise . Master’s thesis, 
Massachusetts Institute of Technology, 1979. 

[78] W. Tiemann, .J. Ardai, B. Allen, and T.O. Manley. Geophysical Data from 
the Drifting Ice Stations FRAM IV and TRISTEN. Technical Report LDGO-82-3, 
LDGO, Columbia University, Palisades, NY, 1982. 

[79] I. Tolstoy and C.S. Clay. Ocean Acoustics. McGraw-Hill Book Company, 
New York, 1966. 

[80] R.J. Urick. Principles of Underwater Sound. McGraw-Hill Book Company, 
New York, 1975. 

[81] H.L. Van Trees. Dectection, Estimation, and Modulation Theory. Part 
I. Detection, Estimation, and Linear Modulation Theory. John Wiley & Sons, 

New York, 1968. 

[82] H.L. Van Trees. Dectection, Estimation, and Modulation Theory. Part III. 
Radar-Sonar Signal Processing and Gaussian Signals in Noise. .John Wiley & 
Sons, New York, 1971. 

[83] P. Wadhams. Arctic Sea Ice Morphology and Its Measurement . Arctic 
Technology and Policy. Hemisphere Publishing Corporation, Washington, 1984, 
pages 11-37. 

[84] T.C. Yang and G.R. Giellis. Application of High-Resolution Techniques to 
Vertical Array Beamforming in the Arctic Ocean . In R.A. Wagstaff and A.B. 
Baggeroer (editors), High-Resolution Spatial Processing in Underwater Acoustics, 
pages 171-192. NORDA, NSTL, Mississippi, 1983. 

[85] T.C. Yang (private correspondence). 



-297- 



Biography 

Lieutenant John Polcari, USN, graduated from the U.S. Naval Academy in 
June, 1977, receiving a B.S. degree in Electrical Engineering. After graduation and 
subsequent commissioning in the U.S. Navy, he served a two year tour of duty in 
the weapons department of the USS John C. Calhoun (SSBN 630 Gold), where he 
completed his submarine qualification requirements. After completion of hi^ duty 
on the Calhoun, he was transferred to the professional engineering corps of the U.S. 
Navy and ordered to post-graduate school in the Naval Construction and 
Engineering curriculum at the Massachusetts Institute of Technology in June. 1980. 
While at iMIT, he completed a thesis entitled "Low Frequency Acoustic Signal 
Propagation in the Arctic Ocean", and was awarded the dual degrees of ,\1.S. in 
Electrical Engineering and Ocean Engineer in June, 1983. At that time, he wa> 
awarded the Naval Sea Systems Command Award in Naval Construction and 
Engineering for his performance during the course of instruction. He has >iiice 
continued at .MIT in pursuit of an Sc.D. in Oceanographic Engineering in the Joint 
Program between ,M1T and Wood's Hole Oceauogra|)hic Institute. His |)iimary 
technical interests include military applications of signal processing techuiciues to 
the field of underwater acoustics, jjarticularly with respect to arrays and otluu- 
spatial issues. 




■ 



1 













±:. 

Ll 



■ , ■ - ■ ^'.-L 

■■■ :A .- C ' . 




Thesis 

P6728 Polcari 

c.l Acoustic mode coherence 

in the Arctic ocean. 




